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IMPROVEMENTS IN OR RELATING TO LOUDSPFAKHRS 

This invention relates to loudspeakers for providing sound from electncal signals u-faich may be aiuloguc or digital 
in nature. 

Background A Prior Art 

COTVcntioiial analogue loudspeakers are well known aixl highlv* developed. The> rely for their operation on the 
nM>tion of a diaphragm (usually a single diaphragm) which is driven b>>' some i>'pe of electromechanical motor, 
moving coil being the roost common, though electrosUtic. pie;«)clcctnc and ionisaiion devices have all been tried 
and used. The analogue loudspeaker as a whole attempts to reproduce the desired sound by naoving all or part of the 
diqrfngm closely in synchronism with a smoothly varying anatogue electrical signal which is nsuaUy interpreted as 
representing the instantaneous sound pressure that a listener lo die loudspeaker device shouU bear. Tbe inherent 
timitatioQSof such anak^gue kxidspeakeis are related to: 

the finite (non-infiniie) ilMhcat «C the diay h ingni i used (bending catises the diaphragm to not move as a rigid 
body, causing sound disiortioiL sometimes called ''diaphragm break-up") which is a serious problem at the 
higher audio freqencies in am' device where the diaphragm is iK>t driven with a uniform force per tmit area over 
its entire extent wtich is the case in roost kMidspeaker types except electrostatic devices. Exotic higli-stififoess 
materials have been used to minimise this |m>b)em: 

the finite (non-zero) mass of the diapbragnu used (mass causes the di^hragm to have significant inertia so 
that the loudspeaker dynamics are no longer dominated b>- the mass and resistance of the air which is to be 
moved ^ ^r^^Mt^ i^ omm/t) ^ ^ffK ftf 'rhing P of diaphrmg nufalociiy that can be achieved with practical 
molocs and again GMise problems at the higher audio fiequencies. In general die previously mentioned stifibess 
limitations and the mass limitations interact * a diaphragm of a given material may be made stiffer bat only 
usualh' at the expcas e of added mass: 

the linearity and e fl lciea cy of and powtr available from elect romcchaokaJ oMtori with adequate 
bandwidth (say 20Hz to 20KHz). A physicalh* bigger motor will generally allow greater power output but 
because of limitatioDS on materials and heat removal capacit\ the power output tends to rise as the square of 
the linear dimensioos whereas the mass of its moving parts will increase roughly as the cube of its linear 
dimenstoas resulting in its bandwidth falling because of the gynailgr ^ygh-fnsqii«ic\' Limit on performance. 
There are also heat removal problems associated wiifa !aiiaU but high powered motors which limit the materials 
usable: 

the acoustic power dclhermblc at tbc lowest operating frequency of a loudspeaker of a given frontal area 
is directh proportional to the maximum amplitude the diaphragm can achieve whilst operating within its 
ap pnK um ately linear regioD (sometimes known as die *1hrow** ) . Moving coiJ myittr^ypipimaiinitg on the throw- 
as tike woridng section of the coil must at all times move in a linear nugnetic ftekl if its output is to be linear, 
and there are pra^ical limits on the length of uniform fiehi achievable with practical magnets, and practical 
limits on the ovcriiang allowable of moving coils beyond magnet gaps. The diaphragm suspension, whose 
fiMctiop is to keep the diapiaagm centred axially during motion and longitudinally in the no-drive oooditioii, 
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aboonposes limits on the throw aduevabke with acceptable Uiieahl>'. In general the sospcosioD wiU produce 
a lestraining loroe propodknal lo the deflection of the diaphragm from its rest position and at low frequencies 
where such foices pncfaOv* doaunaie dib will produce significant non-linearities, which may be ovcrcoiDe b>' 
position-feedback sv-stems. but at the expense of increased power dissipation and heating of the motor, and 
which methods cause vei\ audible d istor tion once the limit of their control regi on is approache d^ g jvmg rise , 
to yeT> -poor-overlMdr^flBSc. Elccttostatic loudspeakers impose other limits on throw , at least in part 
because of the requirement of close spacing of driver electrodes to the diaphragm in order to produce 
reasonable output power from relativeK' kvw drive vobages. As the electrode spacing produces an absolute 
limit on dia|rfira^ throw there is no wa> around this problem odier dum to hifdier.driye^'oluge&orjtf^ 
diaphragms in Older to achieve hift ber acoustic power. Piezoelectrj cjaoigrs haxc inherentK' \w small throw 
because the piezoelectric efifect is a small effect (typically, direa deflections of < lO'^m^olt are available 
though these are gcocnUy increased by snroe sort of mnohanical lever, e.g. a "bcDdcr" coofignrtioo) ; 
aCTMnpfPmiy ytl "^'^<'«»g"*'tf»g*>^^^ 

band loudspeaker each optinused for operalkm over their respective fh^ j 
cow die wfaofe andibk ftcqnency rnge. bpot signals are split into sa^ 

unit (some combinstion of lowpass. bandpass, and highpass fdters) eidier pre- or post- power amphfication. 
This technique merely reduces the Itttif^''^^^**' described, utilst introducing problems of its own including non- 
. unifom frequency response in die cross-over regions, i^ 

*4KhasBLdi^a[liQ^due to die fihers. power loss and reductioa in damping for post-ampUfication fUters. and 
increase in cost and complexity forpre-amplification filters; 

die nett effect of aU the abovementioned (phis odier) causes of nonlinearit) . rcsuh in a dbtortkm figure for 

a good qualit\- hi-fidehty loudspeaker rarely better than about 1%. Even ver\ expensive and sUte of die art 

devices cannot achieve distortion levels nnich better dian 0.5% over die audibk ran^ 

because the nau of the air moved by a dia|ilingm is generally very much smaller dian die mass of die 

diaphragm itsctf (less so in an elcctrosutic toudspeakcr) and because d^ 

die air on die diaphragm are generally niuch smaller diaa die spring foie^ 

suspension (again, kss so in die electrosutic loudspeaker), a great part of die electrical driving power appbed 
to die kMidspeakcr motor is consumed in moving the loudpseaker components and only a small part in moving 
air or creating sound power Thus, such loudspeakers are highly inefficient Horn loading of a suitable 
loudspeaker can increase its efficienc> but unless die horn has a small dare constant non-linearities can 
become significant and die ph>sical size of a bora lor operation at die lower audio frequencies can be 
impraclicaUy large. A t>pical hi-fiddit) loudspeaker may have an efficienc> (acoustic power output divided 
b> ckxtrical pow inputj of onfcr of 1%. wifli bora kiudspeakere 
their frequeoc> range; 

dK cDdoMire in which die an alogue loudspeaker uniU s) is/ are housed also has a very si gnificant effect on die 
oulpm sound quahiv and die nature of current technotogy general^ 

or large, or berth, if hi-fideUty reproduction b to be achieved at signilkant power levels. For domestic use, 
bulky enclosures are a distinct disadvantage. Bulky enclosures are also problematical in portable sound 
reproduction systems such as diose used for ooooerts by travelling performers; 

I. 
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because of the Knear drive rcqnimDcnta of most aiutogue kMidspeakers. linear dnving amplifiers of 
appreciable power are icquiied azxlstaDdatd high qualit>' Class A designs are themselves quite ioeirictcttt (sa>' 
30%i whilst even Class B desipis whe re vgy |mv digtortic m is trante r to achieie are rarel>- better than €Mk \ 
Pulse width modulated amplifiers (PWM) have been used and their efficiencies can be much higher, in the ^ 
9(y%-95% region, but arc difficull to produce to the most exacting hi-fideht) standards of low noise and low 
distoftioo. Taken logcdter with the low cflicienc\' of the loudspeakers ihemscK es. the combination of a linear 
analogue amplifier and a linear analogue loudspeaker will ofleo have an electrical power inpui to acoustic 
poweroiitpideflBciciiG>'askm as03%iixlinhi-fidelit>*, rarely higher than 1%. This is a problem for porublc 
banerv' operated equipment as the stsse and wei^ of the batteries can be considerable and most of their energ>' 
is wasted as heat In domestic audio sv stems the wasted heat has to be rerooxed to keep the equipment within 
its operating temperature range and generally results in larger heatsinking areas dian woukl otherwise be 
neoessarv. 

With the cunent prevakoce of high quality digital audio matehal available. ftequentK in i^t*^ V^^r y femiat with ip 
iDfacreal distorlion level of ckne to 0.002%. it is clear that analogue hi-ftdelity loudspeaker systeois operating close to 
the l%distortiao level (500 times worse) are now the limiting foctor in audio qualit>' when listening to reproduced sound 
(iDchiding radio. tekvisioQ. cnmparf di<c< ^rn) i^giul upe) Racmt trends in electronic equipment have also been 
to aummise power oonsumptioo. not onK' to reduce power w^asUge. but also to reduce equipment operating temperatures 
thus allowing tniniaturisation and high reliabilit>\ as well as portability, and allowing operation from small batteries. 
Again, tiw hnear coatogue power ampbfier/loudspeaker combination operating at the 0.3% to 1% efTtciencv' level is out 
of step with these trends. LastK'. even though digitaK audto source material is now commonplace and becoming 
increasingly so with the advent of dijritaljadw^ ^ tcleyisioo3 all cooventiona] hi*rideht> svstems for the reproduction 
of digital source material need to contain a 4igiul4MnalogDe^on)!^ 

anakmuc signals for apphcation to jbe v^omkndapciktx. The ,QACs t hemselves prod ugefarther nfti<i.> *t»H Hi^tffwtiffn \ 
^aLadds to thai al ready present in the system, and a y<» *Ai g\tra 

Many anempts hax e been made to develop a digital loudspeaker design that overcomes stmie or all of the limiutions 
of analogue budspeakers mentioned above. These fall into scleral categories: 

PtfHikHSg^* i«M^j^w»«*^ wherein a deiice nith a digital input terminal contains digital signal processing 
(DSP) equipmenl that is itsed amongst other purposes to compeasite the input signals for the knoun distQi Tions 
produced b> the hnear amplifier and analogue loudspeakers also contained withm the device and which create 
the output sound. Such a s>*stem is able to produce marginalh* improved distortion performance overaU. but 
no improvement in efTiciencv. and still has a distortion fipffg sig ni fig a n''^ tk.n n )^ u i^i^ i^t\y 

suffers thxn all the hmitations pieiioush' described, but compensates slightly for some of them usmg the DSP 
sv-stem. 

^ggg CcHDIfftalLouiHpfakm witerciD a tapped "Voice-coil** (i.e. divided into multiple sections) is used 
00 an odierwiseoonvetttkmal analogue inoving coil lotidq)caker. The idea is that if the uq» are connected to 
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Hiflfa grt Qumbeis of turns, where the tarns-ratio bctwg eo the taps is of the form 1 ;2:4:8: 16:32:64: 128:256:ctc 
then direct hban' digital input to die taps '.viU produce a net ampefe-nira elfect in die voice coil equivalent to 
that of the lioearsifEnal being r eprese nt ed by the binary digital signal. The device is flawed in practice becanse: 

a) hietiesforitsop qati oG OPacocventiooal (linear) moving coil loudspeaker and thus brings 
with it an the proMeou of that device, (and alleviates none of them). 

b) As coovcDtiaoal loudspeaker voice coils hai e onh' a small number of turns (t\picalK' 30 to 
100). dividing this accurately into as few as 8 binary-related turn ups requires a fractional turn tap 
for ooe or more of the least significant bits with all the ancodani aocurac)' problems, given dut the 
tap wires have to be brought out from the narrow air gap in the ougnet wherein lies die voice ooil. 
Extending the dex ic eto 10 or 12 bi ts is impractical. Thus die device is alread\- operating at around 
dieb.5%lo l%enor(d^Qmgn)JsyeL 

c) Because die Capped voice ooil is driven by binary digital signals, whenever an aU-ti^^ 
code changes to the next upwards code a large transient occurs because of inevitable skew in die 
liming of the signals, indactive spikes caused by the leakage inductance of the separate voice ooil 
sectk)tt.aiHldDeloimpreGisianinthcinatchingaiidsymmetry of die separate Thus 
foroe-oiMput linearity is gcneralh' much worse than current-mput lincarit> fed to the tapped sectkms 
b>' the di gital driv ervt^i^5^in ^frwl nytpgt rfj^^OTi Wyp er and above dial descyibed abpyefa 
dwanajbgyeioudspeakculQQp. 

Those refyimg om pimeUctne and ekctrostaiie drivm. where the area of the diaphragm is divided into 
separate regions whose areas are in the rati OT^l :2:4 .8:16:32:64; 128:256:5 12:ctc. jisee e.g. Etude d un hauh 
parleur piezoelectrique assurant la comfenion mimenquf-analt^fttqut u .-tCC'^TYC.-l \oL60 (1986) by 
Brissaud M. and D. Noterman; also sec Japanese Pats. JP H36SH56 fH304i4L JP H25236, JP 3106300, JP 
58121897, JP 8924415!]. Bocanse die total driving force appbed to an electrostatic speaker's diaphragm is 
proportional to the diaphragm area, feeding binary digital signals directK to such binary-related areas via 
separate ooodudors win in principle produce an appropriate force on the diaphragm for any particular digital 
input signal. In practice there are serious problems with getting (he areas preciseK* in the right ratio when 
taking into account edge cfTects. plus transient problems at code change points as described above for the 
tapped voice coil digital loudspeaker. Lasdv*. die device relies on die inherent linearity of die electrosutic 
kwdspeaker (wfax^ is at best approximate m a real device) and carries uith it all of die problems of size, cost 
and oompleutv dut die conventional linear electrostatic loudspeaker has. Similar considerations appK- to die 
piezoelo^ digital knidspeaker (here force is again proportional to area of electrodes on the piezo material) 
but yVtitWwial problems arise if one piece of piezo material is to be used for the whole device as such a large 
piece (as woukl be needed for high output) wouU be expensive (difficult to make) and edge effects again cause 
problems. A variation on diis dicme is to be found in L\S. Pat 451599 7 where die binary-related areas are 
fabricaled&CKn an appropriate jutm^crofequal area transducers (i.e. 1.2.4.8. 16. 32. etc) each such group 
beinc driven in parallel by die saiDe pulse signal This is cUimed to help widi die pr^ of mass production 
of die u aiBdu ocr '^wMttg (as they are all klentical) but as diey are switched in groups of binary*related sizes 
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they still suffer from the matching tnd transieDt problems at code change points as previousty described for 



the tapped votce-coil case. 

^k^Mdi^t -moduiatkm (PWhn has abo been used in the ctmxest nf "digital ImMkyn^^l^gni" Here an analogic 
or digital input signal is con\*ertcd into a tuo-levci (binan* in some sense) digiul wavefomi whose 
indantaneous maik-space ratio L< proportional to die instantaneous value of the input signal \«iUi 51^ mark- 
space ratio corresponding to zero input signal. The frequeocv* of the PWM waveform may or ma\' not be 
ijoaaaanL nmfa \r r"^ ''^h^ thwn the higbesi input friMju^ and for audio applications this implies 
it mast in practice be greater than about 40KHz. So long as that criterioD is saiisfled. the actual 6equenc>' b 
not criticaL With i digital input signal, it is possible to produce a PWM wavefonn entirch digitally. However. 
wbcD it comes to producing sound output, the PWM signal is aj^bed to oonventiona] linear transducers (e.g. 
iDOfving coil loudspeakers) . The resuU is that the inertia of die tran^^ 

vahieofdic PWM waveform (which instantaneoosly is the same as die mark-space ratio) which in Qgn it^ ual 
to (he oostantaneoosvahie of die input signal. Sound is tlm produced ooncspooding to the inptit audio signal. 
As the device relies on Uie linearity <^ die transdooer. diis system has all of die disadvanuges of analogue 
loudspeakers phis some extra ones relaied to the PWM con\iersiott process, and so is really a ^igitai amp^ier 
technologx*. not a digital k)udspeaker technolog>\ It does hav^e die virtue of higher efiiciencv' than linear 
amplification. It is mentioned here for completeness. 

General problems encountered when using hinary diglul coding at Che output transducers: 

AU previous attempts at building a digital loudspeaker system have assumed that binaiy digital code was the digital 
signal mcditim, not only at die input of (be device (which is a reasonable assumptioD in practice ) but aho right tknmgk 
to du om^MgttnHSitucen. This causes senous ffyfaiinil problems in practice. 

b an fHbfts>^stem. die transducer used for die least sigDificamU^ (LSB) of die output operates at a pmKa^JeveL2^Jimes. 
less dian die most significant bit (MSB) (dLscounting an assumed sign bit included in die o-bits). In an 8-bil system (die 
least Oiat is usetul for rea.sooable sound reproduction) diere ts thas a 64 times [^^»^ rn*'^ bi^twtvn MSB tniLLSB 
tnmsfhiofTs. Because of (he nwyssarily mprhaniral nature of sound producing devices (sound is a mechanical movement 
of air) this wide dvnamic range imposes seriou.s design constraints on die t>pes of devices used for LSB and MSB 
(ransduoeri. and thus makes matching of (he devices ven* diffkuli • the problems are much worse when one considers 
a more realistic 1 0 or 12 bit sv-stem where the ratios in power Icveb between the MSB and LSB transducers aie dien 
of the order of 250 to KMX) times, and for a 16-bit system the ratio rises to greater dun 16000. 

In a binaDcwq^tedttgwducq' (artransduoer-anay) system, there are serious transient problems caused at points where 
die code changes from a value with man> consecutive low order zeroes or oocs to die next level (up or down) where 
there are mam* consecutive low mder ones or zeroes. For example, consider a 9-bit binar>* code where the signal level 
duDgesfiom (decimal) 255,o ~ (binaiy) 01 1 1 1 1 1 1 1, to (decimal) 256,o = (binary) 100000000.. At this transitioa. die 
signal itselfhas changed by one least stgnificaul bit Le. a small diange. The binary code representation has changed 
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from • zero phis tlKooes code to a oocHind-iD-zaoes code. The effect of this oa a system where the code bits each drive 
binan' weighted tnmsduoecs (and also hinan weighted traDsducer-arra\ s as described in ( S. Pat, 4515997 which does 
not address this probion) is that in the fina state all transducers e>:cept the most signiftcant w ill be on, and in the second 
stale all will be off ewsepl for ttie most-signiftcant. ThtLS two half fuU-power acoustic traa^tions occur at this code point 
Awnpg wtich will ine\itabK- produce considerable sound cnergx . e\'cn though the code change tepresenis only a least 
significant bit change in signal amphtude wtich nonnaUy would be expected to be ncarh inaudible. Other such ones-to- 
zeroes and zeroes-to-ones transitions occur throughout the signal amplitude range, and become mare of a problem as 
the total number of bits tocieases. as die power of the transicat increases relati\'e to the sv-stem's least significant btf 
power level. Thus, increasing the resohuioo of the system ba* adtogmow bitejm^^ 

In aiUitioo to die switching transient problem outhned above, there is also a kvel error associated with such zeroes-to- 
ones and ooes-to-zeroes code changes. This is because in a real system the transducers cannot easily be matched 
praciKlv cDOUgh that the most significani bit transducer is precisely one least significant bit greater in effective power 
or anplitudB than die sm of aO die lesser-bit traiuduoers acting in concert The sam 

die next most significani bit transducer and its lesser-bit transducers acting in conceit. Such unavoidable errors can in 
pnctioe easah' dominate the aocurac>' of die sv stem and quite indcpendenth' of die transient effects described above can 
lead to large distortion componenu. In a binaf>- weighted transducer or transducer-arra>' svstem (as des^ibed in US. 
Pat, 45 15997 which does not address diis problem eidier). onh extreme nwsdianical precision can eliminate this 
pitibkm even in principle, which wiU inevitably lead to high manufacturing costs even if the precision required is 
achievable- In practice, die transducers wiU necessarily be spatially separated and die matching problems at such 
transition points dien become intractable. In a I6-bil system, cmnpatible with current digital audio standards, it is highly 
imlikely diat die necessary precision could be achieved at any cost. 

Anodier problem not adequately addressed b> ewsiing digital 1^^ 
^appropriate drive waveforms for producing die desired acoustic sound output wav^orm. All previous designs appear 
to tn.ifi> the assumption dial die application of a square drive pulse (of voltage or current as appropriate) to die output 
transdiKcrs will produce a square acoustic output pulse. This is ahnost nc\er die case in practice and leads to serious 
distortion in die generated acoustic wax^orm. For example, in die commra case where die transducer moving mass Ls 
die dominant factor, and die principal forces to be overcome are inertial, dien die appUcatkm of a square drive pulse to 
suchatransduoerwdl produce ■ppfTl^im^trl^ rjitrnm^ wtv/r mfr-"! ftf H^phraimi which in torn will produce, to first 
appioximaiion. a triangular or ramped acoustic output pulse which will continue after the end of die input drive pulse 
at approximaieh constant amplitude as die diaphragm contmucs to "coasi" due to us inertia. For die odier common case 
where die diaphragm restoring spring forces an: die dominant factor, dien die apphcaiion of a square drive pulse to aich 
a transducer wiD produce a very rapid initial aooekration of die diaphragm causing it to mov e quickK to die point where 
die spring restoring force equals die driving force after which it wiU over^diooi (depending on die damping of die 
systonl. and dien settle around dial pomt of equiUbrium. after wtidi die end of die drive pulse wiU produce a sitnilw 
velocitv proGle in reverse. This motion will produce, to first approximation, a pair of narrow impulsive spike acoustic 
outpm pubcs of opposite sign, separated b)- a time interval approxinw^ 
mdKcasewhaedicdoniinam fi»ocs on dcinovinginass of die transducer are res^ 
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of tbe air being moved by tfKdi^>hfigm) will its motioo be of approximateh' ooostant velocity whea driv'eo b>' a square 
dmefmbe, and onh* in this case wiU the oufpmaooustkpu^ Wh^' this 

meaiB in practioe is that efedrostatic transducers with cxce|>tiooalK light diaphragms (which constitute the onh moving 
mass in this type of transducer) are the onh devices where a square diivc pulse might be evpectod to produce an 
approximately square acoustic output pulse. 



PeflnWon of T grmi laed to the Dbciwure. Abitnict A Oaimi 

A £gk is a single svmbol representing a unique integer number. A decimai digit can take on any of tbe £f» values 0. 

1. 2, 3 8. 9. Decimal integer positional notation uses the normal convention that digits within a decimal number 

represent factois times powm joflBw. with the right hand digit representing a factor times 10° = 1, the 2od digit from 
the right a factor times 10' 10, the 3rd digit frnn the right a factor times 10^= 100, etc. The vahie of the mmAcr 
iqjicseolBd fay the decinulposiinBal code is the sum of the factors tii^ So. e.g. 

357.0 = 3 xl0* + 5x IO' + 7x 10^ = 300 + 50 + 7 = 357. 

A bi na r y digit can take on either of the two values 0. 1 . Binaf> integer positional notation is similar to decimal integer 
positiooal notation except powers of Imv are used instead of powers of ten. Thus the 4th binary digit from tbe right in 
a binary positional integer rep re se nts a factor of 1 or 0 limes 2'. So. e.g. 

11010,= 1 X 2* + 1x2' + 0x2-+ 1x2' +0x2''= 16,0 + 8,0 + 0 + 2,0 + 0 = 26,0 

AiPiarydtgilcanabotakeoaanyof thelMwvaluesO. 1 or alternatively can be defbed to take on only the single value 
K and its absence is then ised to rcpresemO somewhat as in Roman Niuneral notation. Unary integer positional notatkm 
is similar to binaiy or decimal positiooal notatioo except that integer powers of oiM 

10. As all positive integer powers of I are eqtial to K it is clear that with a nnary representatkm. aU digits A«vr 09110/ 
wa^sL, aul that weight isimily and that the portion of a unary digit in a tmary positional notation ninnbcr is irrelevant, 
onlyitsvahieof 1 orO.orahematively, its presence or absence, having any significmce. Thus the 4th unary digit from 
the right in a unar\- positional integer represents a factor of 1 or 0 times 1 - = I . and the first unary digit at tbe right 
represents a factor of 1 or 0 times 1** = 1 . So. e.g. 

11010,= 1 X l* + lx P+0xl=+lxr+0x 1"= 1,0+ 1,0 + 0 + Jio + 0^3,0. 
which is just the number of 1 -digits in the number. Tbtis digit position becomes irrelevant in unar\' numbers. It is for 
this reason that tbe 0 is not needed since its use as place-keeper in positional notations is inele\'ani in tbe unary case. 
Thus we ma\'just as precisely wiile the number 1 1010, as 1 1 1. with both representations having the decunal vahie 3,0. 
(Jnar>' numbers are simpK* a formal name for die maris people frequently use for tallying when. e.g. counting items. 
It is impoiiant to realize that in tmary representation it is tbe immto' of ooe-digits thai maners. not deposition of die 
oo&^hgits. Note aho that an ^mg rp*?^ .V digit uury code can represent .V+1 different values, because zero is represented 
b\' all tbe unary digits being 0 or absent and does not need an additional unary digit. A signed X digit unary code where 
one paiticular rfioit is reserved 10 represent die sign of lefa number (e.g. 0 for positive. 1 for negative) can rep r e se nt ZV*1 
values (Le. 0 and ± 1 to i^V-1 ). It follows, diat where a digital signal is to be represented in unary code, that a imipolar 
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sigoal ihtt cao tike on N disdnci lev'ds can be represented by N-l uoan digits. This Is to be compared with binan 
notation wtere N-l binan* digits are able lo represtnit as many as 2^ ' distinct IcxeLs. Unan represenution therefoie 
requires mam more digits than binan- represenution to represent a gi\ cn range of values, just as binan* represenution 
requires many more digits than decimal represenution to represent a gix en range of \ alues. 

Teiminok>g\ : There is no special name for decimal digits. It is conventional to abbre\ iate the phrase hinaty di^ii to bit. 
Similarh'. it is conventional to abbreviate unafy- digit to unit. However, as the word unit is easih confused in this 
nn fmilijir role with its more conventional meaning, we use the phrase unary- digit, 

Dbdotare of thg Invgntton 

Aooonling lo one ns^ocX of the tnvenliott a loudspeaker comprises a pluralit)' of substantially identical transducers each 
eapahfeof yopverting an electrical signat-mlfra snwirf wherein the transducers are capable being dnv^[e|[c|^ 
iufepenfentK- of all die othen by unary encoded signals represenum'e of the sound to be produced fa^' the kN]d^>eaker. 

According to anodier aspect of die invention a budspeaker comprises encoder means for converting an input signal into 
unar\ digital signals and a plvtraHt\ of transducers each operative to conx'ert a corresponding one of the unar> digiul 
qpn«k into a sound pulse so that the cumulativ e efl'ect of the transducers is to produce an output sound representative 
of the input signal. 

AooQiding to another aspect of the invention a loudspeaker comprises encoder means for convening an input signal into 
unaiy digital signals and pulse shaper means for converting the standard unar> digiul signals into a variet> of square 
and non-square profile pube signals appropriate to the type of tnuisduGers used and a phirality of transducers each 
operative 10 oonxwt a contsponding one of the poto-shapcd unary signals 
effect of the transducers is to produce an output sound represenUtive of the input signal. 

The transducers are preferabK identical and in a preferred embodiment each transducer is bipolar, being capable of 
producing positive and negaih e pressure changes dependent on the polarit> signilicancc of the unarv signal applied. 

In one preferred embodiment the lran.sduoers are arranged in a two-dimensional arra> The shape of each transducer may 
be such that the> icsscUate in tuodimenaons. e.g. being triangular, square. rectanguUr or hexagonal. Gaps between the 
transducers ma> oplionalh be prox tded in this case. AlleraalneK the shape of each transducer ma> be such that the 
tnmduoers do not tcsscUaie. e g. being circular or ovaL gaps being prov ided between adjacent u^nsducers. The presence 
of these gaps in a Inst array of traasduccrs can be exploited by pnn iding a ftirther array of transducers behind the first 
array, each transducer in the second arrax being located bchmd a corresponding gap in the drsX array, making the 
BTinganeni thieeHlinicnsionaL This process may be repeated lo provide a wmiposite transducer array with any number 
of la\*ers. 
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As the transduoer amy is distributed in space, eidier id two or thnx dimensioiis, a listener will be distanord from the 
tmsduoasb^ vtrbing mounts, dependent on the po^tum of am- paiticular transducer m the afrav*. with the elTect that 
aooQStic pulses emined g^mntteiMnn ^iw.' th^ trmng^fnt ^ will aim-e a tjjie pivaiWm of i h y li^ anwT at d iff ar n l t iimrs This 
effect can be corrected by introducing a delay means for differentialk delaying the input signals to the transducers in 
dependence upon their distance from the hstener such that the acoustic pulses from all the transducers resulting from 
a single input signal change to the loudspeaker arrn^e at the position of the listener simultaneoush*. Further, the dela>' 
means may be adjustable to vary the delav s applied dependent upon a chosen, and possibh* vaning. position of the 



Acoocxiing to another aspect of the invention a loudspeaker comprises a plurality of pairs. tripli±s or quadruplets of 
tt an adnoo s anangod in a twoor dueedaoKDsional ana>', each transducer of a pair, triplet or quad capable of converting 
andBctncal signal into a sound wai«. wherein the pair&. tripkls or quads of transducers are ca|^ 
iwlqwaliitfl y of aU the odicr pans, triptete or <piad9 by unaiy encoded signabrepr^^ 

fay the hiadspeakcr.widi each ofibe transducers comprising a pair, triplet or quad of transducers being positioned in the 
anqr sndi lhat the positkn of the centre of gravis of each pair, triplet or quad taken a^ 

to the vertical or horizontal centre lines of the array, or both, and in the case of a throe dimensiooal array as close as 
possible also to the froot-to-back centre line of the array, in such a way as to localise the perceived sound from the \ 
loudspeaker to as small an area near the centre of the array as possible 

The output souikI produced by the anray of transducers is the additive effect of the individual sounds produced by the 
individual transducers. No individual transducer reproduces the desired sound. In the case where the level of drive to \ 
^dbtnmsduoer is fixed, quieter sounds will be reproduced as a result of activation of a smaller number of txansducers 
than kwder sounds. The tffoct of encoding the input signal into a unaiy format is that an out of V encoding is 
produoel where S is the oumbcr of distinct levels represenUble by the input signal and is also the maximum number 
of transduoos required, and A/ is dse instantaneous input signal kvel and is also the number of transducers activated by 
that input signal level. Unlike a binary coding (or any other higher order position-weighted coding system such as 
ternary, decimal etc.) a unary coding has the propert>' that eadi individual unary digit represents the same identical value. 
Le. one tarbitraiy ) unit and it Ls solely the number of unary digits present or active that conespoods to the value of the 
number represented by any particular unary digiul code word. Thus unary coding has the unique property amongst all 
digital codes, that all members of a particular sul>set of individual unary digits are alw av-s off inactive or absent when 
the vahie repiesoited by a code word Ls below some specific number and one or more of them are always on. active or 
present when the vahie represented lyv' a code word is equal to or above that same specific number. The relevant feature 
of this propertv- to digital loudspeakers is that using a unary encoding scheme at the output trmMdmem completely 
eliminaxes the serious problems encountered when using a binary, ternary or higher-order digital representatioo scheme 
at the output trmsduuevs. which problems include the Urge transients produced when such higlur-order codes traverse 
a vahie where a higher order transducer turns on or off and aUbwerordi^ transducers turn off or on simu^ This 

kt hiieaticf* m m itrwy gncnrtinp oghgwig it t< nnt i Bqiii tBd that tht» tffTiact nf m>e t rifHerfiiM- ht*inf hirmari nn AnuM partMlK- 

cancel die effect of other transducers being ^"ItlDWUffly tuned off. In fact in any given (unipolar) transition 
whatsoever of input digital word vahie. unary transdnogsw iU cither be turne d JHL.ortaraed<^ or ncidier« but never 
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both altfae sane lime . Thus tbcir opcraiwn in the applicatkm to dipul knidspetkers is Ircc of such partitl-ctncciklioD 
tnnsients. Olher dLstinct advanUges of the unin cocoding scheme at the output iransduccri Is that all traosduccrs arc 
required to be substantialh- kksiticai and smaU variations bct>*ecn them u iU have little effect on the o\ eraU loudspeaker 
output signal Ic\ eL Since it is the effect of the total number that are actn aied at any one lime, that represents the input 
code word, a statistical averaging over their indt\idual sensitiv ities occurs, ensuring that the precision of the array as 
a whole is bener than the precision of the individual transducers. If the dexiations of individual traasducer sensitivities 
firom a nominal value are randomh gaussianh distributed as would be expected, then a loudspeaker with .V transducers 
woukl have a precision of y that of the individual transducers. H.g. if 10,0(H) and the transducers arc outchcd to 
within 5%L then the linearin- of the loudspeaker as a wtole. ignoring other effects. Is appro>dmateh 0.05% at fiiU scale, 
ilhistrating the potential of this technologv to produce evtreroeK high precision with cas> to manufacmrc low precision 
componenu. Thus die unary encoding at the output transducers eliminates the problems associated with, e.g. binary 
weighted outpw transducers, where the transducer oonnecled to Ac most significant bit has to be extremely precisciy 
matched to aU the lower^wetgfated transducers. B> oomparisoD with the example just given, a 1 3 bit binary weagbted 
digital kmdspeaker sv^tcm is able to reproduce just over 8000 levels, and its roost significant transducer must be 
mald»d to die sum of aU Ac kww Older transducers to better than 1 part in 40% 

1 bit requiring a precision of better dian 0 02% in manufacturing wtich would be exceedingh' difficult to produce in 
practice. 

Because in a unary encoded digital knidspeaker system all transducers have the same, unit, output power level or 
\Mctj4if . torn the point of view of resuhant sound output pressure, it does not matter which particular A/ transducers are 
turned on out of the total set of ,V transducers, to produce an output pressure krvel of A/ V of the maximum avaiUble. 
Tbusadcgree of ncMbilitv is available in choosing subsets of transducers from die whole array which may be used to 
fTibnv^ performance in a variety of ways. 

PreferabK . the transducers associated with similar input signal levels are physicalh adjacent in die arrav so diat a 
reasonabK kicalised sound source results. partk»larly at tow amplitudes of reproduced sound. 

According to ooe aspect of die mvenlion. pairs of identical transducers may be connected ducclK m parallel, one such 
pair being connected to each of die unan encoded outputs of die driv er circuits, and the transducers making up each such 
pair arc mounted one on eidier side of die loudspeaker vertical centre line and equidistant from it on a horizontal line, 
so dial dieir resuhant effect is more ctesch similar to die effect Uiat would have been achiex ed by locatmg the transducer 
pair on die vertical centre line. In diis way. die undesirable horizontal spatial effect ol a large array of transducers may 
be reduced. According to anodier aspect of die invention, pans of identical transducers may be connected directly in 
paiaDeL one such pair bemg connected to each of die unary encoded outputs of die driv er circuits, and die transducers 
making up each such pair arc mounted one above and one betow die knidspeaker horizontal centre line and equidistant 
fian it oa a vertical hniL so dial dieir lesdlanl effect is more ck)^^ 

b> tocaling die traa^hicer pair on die horizontal centre line. In diis way. die undesirable vcnical spatial effect of a Urge 
may of traasduccrs may be reduced. According to a fiiidier aspect of die inventkin. four identical transducers are 
conicctcd in paraW to each of die unaiy aoodcd ou^ 
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qnadnipla m mounted at the comers of a rectangle whose centre is approximateK- coincident u ith the centre of tbev 
toodspeaK cr am y, so that dicir resultant elfect is more closeh' similar to the effect that would have t>.cn achieved b>* 
locating all four transducers vier> close to the centre of the anra>'. In this wa\-. the undesirable horizontal and vertical 
!fpatial effects <^a large array of transducers mao* be reduced. The method may be extended to other numbers of grouped 
and paralleled transducers (e.g. uiplets located at the vertices of equilateral triangles whose centres are approximateh* 
coincident with the centre of the loudspeaker array, quintuplets, sextets, etc.) This mechanism helps to localise the 
pocdved source of sound for a hstcner because of the ps>'choiacoustic effects in the car and brain which cause a group 
of 2 or more similar pulses heard closeh* spaced in time to be perceived as a single ptilse at the average time of arrival 
of the separate pulses. The effect of spacing pairs, triplets, quadruplets or greater numbers of transducers s>inmcthcaU>' 
about the centre of the array, all simulianeousK* activated by one of the unary driver sigruls. is to give the appearance 
to a bsttoer that die source of the sound Bver>' dose to the centre of the arrav' of transducers, independenth' of the actual 
location of die transdnocrs in the paralleled grouping, so long as dieir joint centre of gravity (or centre spatial 
symmetry) lies close lo the centre of the airao*. This technique allows the construction of a large digital loudspeaker 
ccmpriaedofOTysoftransduocrawfacretfae spatialcxienlofdiearray is comparable to dw distance of die listener firm 
die fawdspca k cr . whilst still producing die illusion of being a spatially small sound source widi a definite location, close 
to the centre of the arTi>'. 



In ofrfer to mriiK^ the «cnu<tic emi^^ftq nl'thts m frrquemn- mgion abo^e th&4ifnrt^huinjuiJie^i^ 

(uhrasook; emission), e.g. a tfreqiOT Ctes great er Uian about ZOKHz. a n acoustic low pass fdier may be added between 
the output transducer arrav* and the listening space. This m«>' be implemented b\' the positioning of an appropriate 
quantitv- of material widi high sound absorption in the region above 20KIiz and low sound absorption below dut- 
fiequency. between die acoustic ouput transducers and the listening space. This is desirable since domestic animals are, 
fifcqucntly sensitive to such high frequency acoustic emissions and nuy be alarmed or distressed by diem. 



A second approach to reduce such ultrasonic emission from the loudspeaker is to increase «>k digital ^^pt^n g rate as 
^ |ffr=^r***^ digtal audio material such as to tay^HMc compact discs and other common sooroes 

h as a jjampling rate in die 4()KHz to 50KHz region. When repiodudng a 20K1 1/ a udio input signal with such a samphng 
jate^only tuo o r three samples wi ll occur-with in each cvck of the input signal H ihc same sampling rate is carried 
through all the way to the acoustic output transducers, significant acoustic energ> wiU be emitted below lOOKHz and 
snaller amounts it higher frequencies. If the sampling rate is raised to e.g. lOOKl Iz then the kywest strong supersonic 
emission will occur at a significantlv ^ighcr trequcncv arid it/amplitudTw be proprotionately less than that of the 
^ 4 j^^) o ^Jc^ fc ipre\jo^ :^K■ p pg^i a method ot* raising the effecti\e samplmg rat : is lo digiully interpolate the input signal 
lo die budspeaker. Such a process c» ahead)* done in digital signal processing s> stems including for example die digital 
to jpnij^ tg^cQMveq CTs used in the better qiiaht\'^(MM »ct Disc pi^ ^)principalh to ease the eUdncal JUtermg 
nqukatmOs after the coowsion to aiiak>gue electrical ^pwi^ % <4miUr mMrpftiMtim^ r"Tffir^*" In gj.'rfi \\r 

^^^tfS^^h^r^mp wmim ■ft^.r tn an^lApi ^ sound ywveTsion. 

The encoder means may have a plurality of parallel outputs corresponding to the number of unar>' signals and the 
anmber transducers. An abenuiive arrngeoiem is for die unary signals to b^ 
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to hive fewer outputs, in the iimit a single ootpnt means then being provided to nsconsti mie the nnar>' «gpals as j 
paraliei.streani.for ap plication to the tr*"«*" ?fT?r 

Preferabh . the loiidspeaker assembW aocotdtng to the inventioo includes transducer drivers connected bct\%eeD the 
encoder means and ttK transducers, the transducer drnxns coox erting the unan output signals i'rom the encoder means 
to appropriate current and voltage levels to drive the transducers. 

According to the 'jy ajyw^g of the trm iy*"'"" to be driven from the unan- output signals from the encoder means, 
possibly via transducer drivers, there may additiooalh' be fi^ly shaping nyiins nontmlling Ihc-shaptf^LthjLdcnang 
wavcfonn to the transducers, and in oa '^^'^'ln ttl'T P"'^ ?th>pinp tmans mav pmvidti dnving pabes dm iatiny from the 
nominal square shape of a standard digital pulse. Where the transducers are soich that over the r mge of speeds o f 
openlkm appropriate to use as elements of a digitd loudspeaker their dN^ 
(hag fivoes. thm a square drive pulse wiU provide approximate^ 
ftwipprexmatdyg mtantpul scoutpmpi^^ 

jeatorittg faroes (comptiaio e) *l t»mtii«te , geoendlv the case w ithJ msrtiiniTg operating b ek ay their resonant ficqoeacics 
and with km damping, then the pulse shaping means ma\' provide linear ramp shaped driving pulses which then also 
rcsub in constant veloctiv operation for the duration of the input pulse and approximateh constant pulse output pressure. 
Where the transducer dynamics are such that inertial forces dominate, generalh* the case with transducers operating 
above their resonant frequencies and with low damping, then the pulse shaping means ma\' provide bipolar impulse 
shaped driving pulses comprising a short pulse coincident with the leading edge of the input pulse and a second short 
pulse of reverse polarity coincident widi the trailing edge of the input pulse, which then also results in essentially 
c onstant velocit>- operation for the duration of die input pulse (because the initial impulse from the pulse ^per gives 

I the tr«««*" ^ fWrrf! I ** rt8 «HPg momentum after which they effectivcK "c p a ^" f o r t hrH di i ratiop of the inpu t 
pufae at ooostan vekicitv innfl d» levme mpalse from the pulse shapcr reniove^ 
pulse) and approximaldly oonstad pulse outpm pressure. Where the dynamk 
three cases die pulse sfaapir^ OKans may provide a driving pulse waveform ^ 

output pressure for the duration of each input pulse. The pulse shaping means may in all cases cited above be combined 
directh' with the transducer driving means into a composite strucnirc. AltcrnaiivcK , the pulse shaping means may be 
interposed between the encoder means and die transducer driver means. Another allemative is lo interpose the pulse 
shaping means between die transducer driver meaas and the transducers. 

b order to prewix* the ff|^1T^^>^:J*ig^J;;:i^gl5"^^g■'="^^^ of digital puke drive tfiectnmics when produciflR squyfcjdriye 
^i|se. die pulse shaping means ma\ be implemented >.cinpjiiil^ urydth mndulatinn techniques (PKM) wherein the 
effectKe shape of the driw pulse to the transducer Ls the mean value of a rapidlv changing square waveform widi manv 
cycles occurrin ^withm the d pration of one unarU npul-nulse and whose mark-space ratio is varied continuously as 
required in order to produce the desired effective pulse ^lape suited to the transducer dynamics. 



I 
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Tlreooodmg mens nuy hive groopmg means for into 
itgroopsofnitbitsaiidmaytfacahavvaphiratitv'ofeooodersoon^^ bits, and 

each uith a much reduced number of logic gates, die transducer drivers then ha\ing some additional gating. 



The inooding means for producing ;V unar>' signals from n input binaf>* (c.g. ) bits, ubere S=T* 1 or if one of ibc n input 
bits is used as a sign bit then .V=2'^*- 1 . may be built in a modular fashion so that a number of identical encoding sub- 
modules may be oo nn ecled to a data bus can> ing the complete input binary (e.g.) data words representing the electrical 
input signal to be leproduced as sound. The encoding sob-nKxlules. which are each designed to encode P unary digits 
wfaoe P<S and where usualK' there would be Q such modules such ihtxP\0-S\ may be pigSrofran^ed be^^ 
activatioo as encoders b>* sending to than control sig nals \ia a control bus and progranuning data via the data bus or the 
control bus such fliat eadi of the 0 sub-nu)dules afier programming is responsive to a difi^^ 

fevcbandcooodesjnsttfiatgroiq) of P input signal levels into P unary output ^gnak. The oett effect is to encode aU.V 
ponMe inpm signd levcb into P X Q = V unary output stgnab bm widi^ 
(eg.) ID im«y encoder, instead using Q klentical nK>dules whk^ are easi^ 

to expand to diflferent onmbcrs of input signal bits n. The p ro gr amm ing system may be made extremely simple b\' 
arranging for each of the 0 encoder sub-modules lo contain a flip-flop, and arranging for the control-bus connection 
between die modules to interconnect the O flip-flops so as to form a serial input shifl registcr. ^t programniingtoe^ 
mplg pulfig ^ mff^tfnpcd to the inp ut of ^ <hif t-register so formed and which shift register is physically distributed 
amoiigst aPQciicodersub-DMidules. and which is then docked vi a a common d 

dirough the shift register one flip-flop at a time. As only one pulse is introduced into the input of the flip-flop during 
laugi auuuiag. onh' one module can oootain the pulse after each clock pulse has moved it to the next stage, and therefore 
if the flip-flop in each moduk is used to activate dul module for programming if and only if it contains the shifted pulse, 
each module may be programmed uniquely in turn by introducing programming information onto the common data bus 
for example, and issuing a pcogrannning pube onto the control bus common to aU modules wfa 
containing the shifted pulse in its flip-flop will respond to that programming instruction. Thus by shifting the pulse 
through the O modules one module at a time by means of the ck)ck signal and is.suing programming information after 
eadi such shift operation, die entire chain of modules ma\ be programmed each widi inlbnnation specific lo dial module, 
even though the modules are logicalK* identical and have no unique address as such. This module programming 
teclmique is wideh appbcabk to any programmable OKMluhff stnicture connected to a cooi^^ 
in its use to the digital loudspeaker design presented here. 



The encoding means for converti n g dipiul mpm i n nn ^ fnm\ e.g. binar>'. to uiujy digital output may be simplified 
where the input form represents a signed quantity*, by taking the sign infomuticHi outside of the ^y^'ffg scheme and 
using it together uith the encoder outputs to control the transducer drivers or pulse shaping means diredh' to control 
the sign of the output signals. In the case of a binary to unary encoder with n input bits, where one of the input bits is 
a sign-bit. if die other n-1 bits are fed to an unsigned n-X bit binarv* to unary encoder and the 2*''-! unar>' digital output 
signals are fed to die transducer dn\m together with the input binan' sign-biL a considerable saving in circuitry results 
widi no toss of information. 
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The loudspeaker assembN' ma> ha\'e inteipolating means for interpolating theJtigitaLm^trs^aUjp^^ 
effecta-e sag p'^p ttw ^ n>rfiice s-p tirious hi gh fteg iiencv outputs from ti n* in i nsrfu r4 ffv . 

The efl'cctix c amplitude of the aix)uslic output pulses emined by the unary output urosduccrs may be adjusted wliilst 
still maintaining high eflkicoc\ by gating themj3B-giyLoft'wi<h « high jltfq"tfqc> riigpaHupenmposed ou top of Ibe drive 
torn die unan eikxxkr outputs and anv pulse shaping circuiuy . in a logical AND manner, where the mark space 
ntio of dtt high frequenc\' signal is continuousK variable from 0 to 1 . This Ls similar to pulse width modulation but is 
an additknal modulalioii lo that thttOy produced by the loudspeaker circuitry . An alternative or posstbK additional way 
of aberittg the effective amplitude of emitted acoustic output pulse from the transducers is lo pulse width modulate the 
power suppK to ihe ^^Aaxr driv er ciieui^ which again may be dwie with high clliciency. Both of these techniques 
rfkm' a JwtoDe control fi TOtim \ ^ ^ i ^corporalcd y xto^k s k mdspc a ^cr nn^pfmrnp the hiphest pofwihle fdffnal 
to iMoe ratio as the ctoaiveattenoatioo of the vohime control 
and thus anenuatesaiiy internally- gcDcrated noise equally with the signal. 

Tlie inediod described in the preceding paragnrph ma\* be used to reduce 

digital loudspeaker without reducing the effective resolution of the sound output. 1* his is preferably achieved bv* the 
noocpocation in the loudspeaker assembly of power control meaits such as described in the previous paragraph which 
dynamicalh' vaiv- die output power of each transducer in dependence upon the amplitude of the input signal. The power 
control mcaas ma>' include a dtgital deja c.p«hle gf storing, at fuU input signal resolution of n bits (e.g. if die 
input signal is flooded in binary), at least one half cv^le of the input signal at its lowest frcquencv*. storage tneans for 
. staring the maximum ^pH^^ttsined b\ Ae input signal in the time duration for which the input signal is stored in 

thr iHrn r*^?. ^ mcwt sipnifir^m ^m^ttve input signal bits {p <= /i) cwiuining a I and not 

a 0 in the most significant bit position of that groiq> of ;> bits and discounting the sign bit for transfer to tbe unarj 
fnpmfcr mrf nr«« ^ y*«ti"Hhg^''P»tf P'wwr level of the transducers in dependence upon die maximnm amplitude 
ittained in the Storage means, die selected power Icvd prev ail^ 

delnr device. In this manner, a digital loudspeaker capable of encoding <= p bits into unary enco(kd signaU driving r 
output transducers is able to produce a dvnamic range of /i bits (/> <= «) whilst avoiding the extra coraplcxitv of 
piov iding the additional circuitrv and transducers required by an n bit unan encoder and output sv stem. 

In order to allow analogue signal sources as well as digital signal sources to be reproduced through the digiul 
kMidspeaker dial is ihe subject of diis invention, an analogue to digital conv^er mav addilionalh be incorporated into 
die loudspeaker assembh to facilitate this function. 

Because aU die transducers have unit weight ( i.e. diev are identical and not related in a I 2 4 8: 1 6 etc relationship), die 
rdatK e error of each one is die same, and ev en a 50% error in die seusiiivilijsl one of die transducers would produce 
onh a half leasi-significant-bit error referred to die binary input signal. 
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BecAuse imm* code has no sequcntul tU-ooes ro tll-zeroes adjiceni code chtnges (unlike btnaA* Tor example, as is 
iilDSMed b> wboi h changes fiom 255 ,0 = 0 1 1 ] 1 1 n K to 2^ 
digital loudspeaker associated uitb such digital pattern changes. 

Because the transducers arc all identical and each has unit ueight (i.e. has only lo produce the output required for the 
smaDesi incremental change in output (i.e. I bit)) thev* are low power devices, cheap and eas\' to make and edge effects 
are inelevanl as thev' are identical for each transducer, which is all lhatj srequ ired. 

Because the transducers all handle e>uicth' the same power level there are no engineering problems associated with 
matching devices operating at vasiK diffcivnt power levels. 

Each, transdnoer turns on and off at naost once doring each cycle of a sinusoidal audio output waveform indepciMlcnt 

flf the dipiul gmplmg rale an the ntitpul t raiwihinrra ate tuH fegniiad to have bandwidlli significantly greater than the 
bandwidth of the audio signals to l>e reproduced. 

The performance required of the transducers is independent of the resolution (number of bits) required of tbe digital 
ioodspeaker - one simpl>* needs to add more identical units for higher resolution. 

Tbe unai>' digital loudspeaker sv*stem that is the subject of this invention works because the pressure generated by M 
trisduoers being turned on is Af times the pressure generated b\- one transducrr t)eing turned on. As Af transdiicm are 
tuned on when the input digital code represents the number M then tbe output sound pressure is a fa ithlul reproduction 
<^tlie input signal. Because binary (or higher order eaoodtng) is mM used at the output transducers, a unary eiMX>ded 
fcwrtspcakcr is not subject to any of the ^^^^^^encrating probtensj revioush' described here resotting fiom binary 
or higher encoding at the output transducers. 

Because sound is a kngitudiiul wave and can requirB both increases aiKi decreases in pressure, it is in practice preferable 
to provide both posittxc and negath c pressure changes. These can be produced with separate positive and negative 
pressure trmsduocrv. or ^gfej hfejaspc t ransducers drixen in a bipolar fn^iger To reproduce silence, all transducers are 
turned off. To produce a positive pressure the finont face of the transducers is made to move outwards relative to the off- 
state. To produce a negative pressure the front face of the tran.<^ucers is made to move inwards relath e to th&offstatc. 
\£sqMtrate unar\ digit signals from the output of tbe binarv* to unar> decoder represent positive and negative pressures, 
it is possibk: loetdter ippK' these signals to separate-positive-pressure and ncgaliv c-pressure producin g transducers, or 
to drive individual traiKducers in a puslhpull or bipolar maimer, with a pair of unarv' signals driving each one. The latter 
Kheme reduces tbe number of individual tran.*iducers required for a digital toudspeakcr of a given resolution by a factor 
of two. Altensaiiv^ . the sign bit of a binary input signal may be omitted from the binary to unary encoder and separateh* 
used to control the polaritv of pressure pulses from the acoustic transducers driven by the (positivei amarvjMitpnts^ 
the encoder. Th^ scheme also reduces dke number of transducers required for a digital loudspeake r of a given resolutioo 
by rfa^ oroftwo . 
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A practical digiul loudspeaker of lius t>-pc will require a large Dumber of tranriducers. t.g. lo handle ao 8-bii binan 
input iwpims the represcntmoa of 256 sound pressure lci«ls. As le\ el 0 requires no pa-*iure. no traasducer is required 
for this lc\*cl. Therefore. 255 transducers (aia.\imum) are required in this example. If ibe transducers are driven in a ^ 
bipolar manner, cither, each b> a pair of unar> digital signals representing a positK c and ncgaiix c unit step of pressure, 
or. b> a sign control bit and unipolar unar\ digital signals, then 1 28 transducers will suffice. In general, for a s>stem 
handhngn-bit binan input cither 2'-! or 2"^' transducers are required, depending oo v^babcr advanuge is taken of the 
bipolar dming scbone described abov c. Whihit it is possible to use discrete transducers for this purpose, il is possibh 
advantageous to use integrated multiple transducers lo reduce cost and manufacniring comple\it>-. For e>£ample. if 
electrostatic transducers were to be used, it wouW be possible lo produce a large number of electrodes of equal area, 
each with a separate connection lo separate unar>* digital signals, on one ph> steal transducing de\ ice. thus producing a 
transducer arra> . If piczo-electric transduocnt were to be used, then one piece of pic/o-electric material could be divided 
up into a Ivge number coequal area regioiB each with its om electrodes for sepa^ 

cy^w mailfmp m a itrnx AMx r my. SknilarK. with an clectromagietic transducer, a sd of separately oonpectcd 
wires each producing identical ampere-lum effects within the magnetic field of the device, and individually connected 
ID distinct unar>' digital signals, woukl again result in a transducer arTa> . All of these array structures could additionalK* 
be operated in a bipolar or push-pull fashion so that each transducer elemeni of the arra) had separate connections to 
I two^^jtunar> digital signals or a unary digital ^agnal and assign contro l bit for productngJlQsil^ c and o^gli^'e output K 
I pressures. All such amft strucnires haw the great ad\*anlage of requiring multiple identical gkmenis which assists with ^ 
matching and simpler manufacture. 



Brief PttcriptiMi of Drawfajga 

Fig. 1 is a btock diagram ittustrating the relationship between the various basic components of a digiul loudspeaker 
according to Ihe present invention. 

Fig. 2 illastraics simple k)gic for a unipolar 1-bit binar> lo unar> converter. 
Fig. 3 illustrates simple logic for a unipolar 2-bit binar>- to unary converter. 
Fig. 4 illu-stralcs simple logic for a unipolar 3 -bit binary lo unar> converter. 
Fig. 5 iUustralcs smiple togic for a 3-bit offset bmar> to unary converter. 

Fig. 6 Ulustraies a method of push-puU (bipolar) dming ot transducers by pairs ol unar> signals of opposite polaril> 
significance. 



Fig. 7 illustrates simple logic for a 3-bit 2s-complement binar> to unar> converter 
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Fig. 8 Uhistraies the essentul inputs and outpms of an #i*bit unipolar bioan* io unan* encoder with typical complexitv- 
of - {n- 1 )!'' simple logic gates. 

Fig. 9 iUostrates a method of assembling an ir-bit unipolar binan* lo unary encoder from two rn/2)-bit binary* to unarv 
encoders and some additional simple logic. 

Fig. 10 illustrates deUtIs of one of the simple additional logic blocks sboun in Fig. 9. 

Fig. 1 1 iDusAratcs a scalable and extendable bus-based binary- to unary encoder constructed out of a pluraltt>* of identical 
logic modules connected to Ibe bus and programmed by a bus controller. 

Fig. 12 illustrates in greater deui] the possible structure of one of the bussed modules of Fig. 1 1. which encodes a 
specific nuige of the input signals appbed to ii. into tmary. 

Fig. 13 iDustrates details of the simple flip-flop logic incorporated into each of the modules of Fig. 1 L in order to allow 
each to be uniqueh' programmed by the bus controller illustrated in Fig. 1 1 . 

Fig. 14 iDastrates an example unary- signal wax-eform and associated suitable dn\'c w aveforms for acoustic transducers 
with various dynamical properties in order to produce acoustic pulses of approximately sqtiarc shape. 

Fig. 15 iDustrates simplifkd logic for a digital pulse width modulation (PWM) s\siem for producing linear ramp PWM 
waveforms from a unary signal and a sign (polarity) signal. 

Fig. 16 illustrales the coovcatkmal manner of xnterconnecting the counters and the magnitude comparator that arc 
compmienLs of the svstem shown in Fig. 15. 

Fig. 1 7 illustrates l\ptcal PWM waveforms produced by the circuit of Fig. 1 5 \^ith the mierconiMclioa pattern shown 
in Fig. 16. 

Fig. 1 8 illu.strales an improved method of interctmnecting the counters and magnitude comparator of Fig. 1 5. 

Fig. 19 illustrates the improved PU'M wavefonns produced by the interconnection pattern of Fig. 18 when applied to 
the circuit of Fig. 15. 

Fig. 20 illu-strates a simple logic circuit for producing a dual bipolar impuke dri\c for a transducer with inertia- 
dominated dynamics. 

Fig. 2 1 illustrates typical waveforms for the circuit shown in Fig. 20. 
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Fig. 22 illustrates the time-deliy problems caused b>' evteDded amys of multipftc acoustic transducers. 

Fig. 23 illustrates how much more compact an array of acoustic transducers ma> be made b>' arraying them in two 
dimensions rather than one. 

Fig. 24 illustrates in section how multiple two-4imcnsional arrays of transducers may be stacked in three dimensions 
to produce a more compact sound source when gaps are placed in each amy to allow through the passage of sound. 

Fig. 25 illustrates in plan \*iew a similar arrangement to Fig.24. 

Fig. 26 illustrates a compact two-dimensional arra> of transducers each positioned so that it is adjacxnt to Iransduoets 
■gaociaffld with adjacent signal levels. 

Fig. 27 illustrates the different path lengths between a listener and the various tnuLsducers in an amy of transduoeis. 

Fig. 28 iUustrites a method of applying differential signal delavs to each fransduccr in an amy in order to compensate 
for differential lisicner-to-transducer path lengths. 

Fig. 29 iUttstrates how a delay s\*sicm as iUustrated in Fig. 28 may be made variable and progranunable eidier 
dynamicalK' or statically. 

Fig. 30 ilhistrales in block diagram fonn a sv^tem to select Ibe most signifkanl non*zero bits of an input signal and appl>' 
tfacm to a number of unary transducers so as to maintain the desired input-output relationship whilst maintaining tbc 
highest possible resohition. 

Fig. 31 illiLstratcs in block diagram (onn a loudspeaker incorporating most of the inventions and designs described 
herein. 



Mode for CTr%4np Out tht Invention 

Fig. I iBustrales the tundamental innovation in this invention. A digital input signal of some kind rcprcscniing a sound 
pressure wai^brm is leoerved b> the apparanis at the input buffer I on h input signal paths. This digital signal may be 
in an> digital code form (e.g. binary code, decunal code, in serial or parallel format). For the purposes of explanation 
only we assume a binary code input signal of n bits, where one of the bits is a sign bit indicating the polarit> of the input 
signal though the inxention is not iu ao> way limited to this input format. The input buffer 1 presents a uniform 
nr rp^^w^ U> the input signaHs) and performs an\ necessary level conversion and/or serial to parallel conversion before 
presenting the « paralld binary bits to the encoder 2. Tbc encoder 2 encodes the n bi^ 

siptals. one ofwfaidi is a unary sign or polarity signal indicating whether the remaining .V- 1 unary signab represent a 
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positive or negative qatntin'. and where A' = T'\ and where the principal fuoctioa of the encoding is that when the 
(positive) magnitude of the n-bil input signal is equal to M then M of the A * I noo-sign unan* signals ill be turned on 
(Le. logic one) and the lemainder turned off (Le. logic 0). The V output signals including the sign signal from the encoder 
2 an; applied to Ibc transdiKxr drhwi 3 which conx ert the A' unan signals from the encoder 2 into A - 1 sets of signals 
of appropriate cunent. v oltage, pulse shape and polaht>* to separateh* drive A - 1 acoustic output transducers shown 
coUectiiieK in Fig. I at 4 to which the transducer drnxts J are connected. The A - 1 sets of signals may be each a single 
bipolar signal uith all A* I transducers sharing a common return (not shown), or altematix-ely. may each be a pair of 
pttsh-puU signals. The set of A- 1 aoowstic output transducers 4 each of which Ls substantialh* identical to the others 
ooovert the electrical dnv% signals into uniform acoustic pulses each of amphtudc a and polant\' as indicated by the input 
sign bit. As the action of the encoder 2 Ls to actix ate A/ of the A - 1 non-sign unar> signals when the digital input signal 
has magnitude A/, each of which results in an acoustic pulse of amplitude a being emitted, the total emitted amplitude 
^^fiam die arra\' of transducers is A/ x a = .4. Thus the(toui^^^^^^putpres5ure from the s>-stem illitstrated i n Fig. I 
haitbesame polarm* as the input signal and ^^^ ^^A/ x a when the digital input signal has magnitude A/, and dtus 
faithrnlly reproduces as sound the digital electrical tnpnt signal albeit with some quantisation noise dependent on the 
number of transducers .V- 1 . 

The input buflcr 1 is straigfattbrward and uill not be described turther. The unary digital encoder 2 ma>* be implemented 
in any of the standard ways familiar to those versed in the art of digital electrraics. including suitably connected gales, 
pfogranunable logic devices and read-oiih' memoijUodcjtpjahks. The defmition of the decoding function to be 
implemented v^ill be illustrated for the case of an n-bit signed binar>' input. The encoder 2 wilt then hax'e n binar>' inputs 
bo* b|. bj. ... b^,. and A'outpius u^. u,. u.. ... Uy.,, wtiere A' = 2"'V The output Uq will be the unary output sign signal 
indicating whether the imary outpm number whose raagninidf; is encoded in the remaining A-1 outputs is to be 
interpreted as positiv«y <y negative . It is defined as: u^ = b^,. where binary input b^, is the sign-bit of the input signal. 
The remaining /I- 1 binary inputs bo. b,. b;. ... b^. represent an unsigned binary ntunber whose nugnitude I ' ma\' range 
between 0 and 2"''- 1 - A'-l . The remaining .V-l unary outputs U). u,. ... Uv.t. are defmed as: 

u, = 0 if I * I. otherwise u, = I . for 0 < f .V 
Thus ii r = 0 ( whicb is < I) then all of the unary outputs are zero, f Mhcnvisc. there arc I ' unary outputs with value I 
when the input binary magnitude = I where (XT <A'. 

Thus the sigpi»itis trixialh passed from inpttt bit b^, straight through to output unar\ sign bit u^. The remaining circuitry 
essentialK' implements an fi-l bit tmipolar binary to imar> encoder. Fig. 2 il]u.straics a triv ial I -bit unipolar binary to 
unary encoder, while Fig. .> illustrates a 2-bit version and Fig. 4 a .>-bit version of unipolar binary to unar> encoders. 

Fig. 5 illustrates a 3-bit offset binar>* to unary encoder 5. In this case there is no input sign-bit as such. Instead, when 
the binary code is intcrpieied as a ^^polor ^giia/(ofisel binarv' code), one has to detinc ilic code representing zero output 
sound pnsKure. For a 3-bit oflfset binary sv stem this is usually taken as code 01 1 . or 100;. The table below shows how 
this would be encoded into unary signals, some representing positive presqge outp uts and some negative pr^ge 
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od^xits. whae w have tssomcd code 100, represents zero. The decimal value of the analogue input value represented 
is aiso sbo^n in the colunm labelled i/p: 

decimal btnan ncgati\-c outpu ts positheoulpms 



i/p 


btt2 


bit 1 


bftO 




opi 


op2 


op3 


op4 


op5 


op6 


op7 


-1 


0 


0 


0 






I 


1 


1 


0 


0 


0 


-3 


0 


0 


1 






1 


1 


t) 


0 


0 


0 


-2 


0 


1 


0 






1 


0 


0 


0 


0 


U 


-1 


0 


I 


1 






0 


0 


0 


0 


0 


0 


0 




0 


0 






u 


0 


i) 


0 


0 


0 


1 


1 


0 


1 




0 


0 


0 


0 


I 


0 


0 


2 


I 


I 


0 




0 


0 


0 


0 


1 


1 


0 


3 


1 


1 


1 




0 


0 


0 


0 


1 


I 


1 



Intfaistnitb table, i/p is given in decimal and represents a bipolar input signal UrveL and bits 0 to 2 are the same thing 
in binar>\ The unar> digit outputs op I to op4 will be used to drive negative pressure transducers, whilst unary digit 
outputs op3 loop? will be used to drive positive pressure transducers. As can be seen from the truth Ubic, none of the 
ncgatwe pressure outputs op I to op4 are on (vahie I ) whoi any of die positive ^ 

1 ). Thus if. for example, op I was paired with op5. op2 with op6. and op3 with op7. each pair driving the opposite ^des 
of a bipolar pressure transducer, then it will be seen that the uansducers will property produce positive or negative 
pressure steps aoooiding to die code in die tab k. without mumal interference between the positive and negative outp uts 
I.e. tny one transducer wiU never be driven by a positive and a negative signal of vahj^ sinuiltaneously. Thus tbe 
mimbcr of transducers required may be approximately halved with respect to tbe case where cadi of die unary ouputs 
is used to drive a separate tnnsduoer<^^ 



In Fig. 6 nia\ be «n bow pairs of outputs from die encoder 5 can be applied to acoustic transducers 6 to provide bipolar 
drive and thus bipolar pres.sure wave outputs. As described above, op 1 is paired with op5 to dri\ c one transducer, and 
op2 & op6. and op.l & op7 are similariy paired- op4 can either be used for unipolar dri>« of an additional transducer 
7. or simpK not used at alL as no matching positive output signal is available to pair it with. This will always be the case 
when deriving unar> outputs from binarv inputs becau.sc binar> codes necessarily represent an even number of levels 
(aD powers of two), one of wtich wiU be uiwd to represent zero, leaving an odd number which cannot be shared cvcnK 
between positive and negativ e levels. So in general, with «-bit o^t binan mpui. 2"-! unary digital outputs will be 
derived b> the encoder, and one of dicsc wiD be un^wirablc. leavmg l"-! uoan signals. These wiU then be arranged into 
2"'- 1 pairs and applied to the same number of audio U^nsducers. possibh via some transducer driving circuilr> 



An alternative to offsct-binar> Ls twos-complcmeni binar> ( ccmunonh u.sed in^roogS^digital compuj gsjw^ 
rcprescnlatiouJQf-sigB^m^asbec^ truth table for a twos- 

complement to unary bipolar encoder is shown below: 

I 
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■P 


bh 2 


bh 1 






opt 


op2 


op3 


op4 


op5 


op6 


op7 


-4 


I 


0 


0 




I 


1 


1 


1 


0 


0 


0 


•3 


I 


0 


1 




1 


I 


1 


0 


0 


0 


0 


-2 


1 


1 


0 




I 


1 


0 


0 


0 


0 


0 


-1 


I 


1 


1 




1 


0 


0 


0 


0 


0 


0 


0 


0 


0 


0 




0 


0 


0 


0 


0 


0 


0 


1 


0 


0 


I 




0 


0 


0 


0 


! 


0 


0 


2 


0 


1 


0 




0 


0 


0 


0 


1 


1 


0 


3 


0 


1 


1 




0 


0 


0 


0 


1 


1 





Fig, 7 diows a simpk imptenieiitattoa of this truth table, and ooce M^m ilhtstrites that the cosversioo can be 8chie\'€d 
widi jusi 2 levels of simple gates. The gates marfcedm in Fig. 7 are simple ^*biv^ ^^ gates used to more equalh' 
balance the propagation dela>' b etw e e n mpul and output of all the paths through the encoder. 

to a practical disiial loudspeaker, ooe needs to encode poeadbK' 8-bit binarv' or more. The comple\ii>' of the encoder then 
ipgf^Mf ^ ooosickrabK*. at least in the sense that a large nimibcr of outputs have to be produced, and the number of gates 
incieasesacGordingK'. Also the level of gating will increase if the individual gates themselves axe to be kept as simple 
as possible. It should be noted that the absolute total gate delav* tiirough the encoder is usualh' of no consequence if it 
is less than 1msec total. Of some importance is the lelative delay of the different input-to-output paths, since in an ideal 
coooder. all outputs would change simultaneously. Such a condition can be well approximated by keeping the level of 
gtfing between it^Mit and each output the same. For example, it will be seen that in Fig. 7. ever>* path between input and 
output travoses preciseK- ' ao gates. Four gates, marked ni (oon*invertiiig)« hax e been used to provide this path-length 
matching and have no odier logic function. 



It should be ooiod that all of the logic circuits given above for encoders can be optimised b\' the standard methods. The 
circuits presented arc for illu.<tratioD onh and do not attempt to minimize the number of gates used. 

As the evtension to a bipolar encoder is trhial. as ilhistrated above, we shall consider unipolar encoders only, below. 
The number of simpk; gales in a straightforward unipolar binar> to unar\ encoder increases rou^K* exponentialK* with 
the number ofbiti of unipolar binar>- input to be encoded (number of simple gates --(n-l).2'* for /i-bit unipolar binar>K 
so it Is wonhwiiile kwking at ways to reduce the comple\it>' of an encoding sv stem. The requirements of the unipolar 
unarv encoding fcbeme are that A/ unary outputs should be on when the digital input number represented has magnitude 
\f. RcfcmDg lo Fig. 8. consider an n-btt onipolar binar>' input decoder 8. where n is ex-en. The tt input signals can be 
thought of as 2 sets of /i/2 bits. The 2"-! outputs together with a virtual 0 output can be thought of as 2^*^ sets of 2** 
outputs (note that 2** \ 2**^ = 2*). The straightforward n-bit encoder wiD have order of (n-1 ).2'' gates. The scheme 
diowtt in Fig. 9 ines two ft/2 bit eiModers 9 between which then binary bits 11 are equalK' divided, and a tittle additional 
sanpfe gating in dK togic bkicks 10. The bgic btocks 10 in this example^ 
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each drive 2*^-1 wuay outputs and ha\x the same aumber of standard inputs, each ol ubich turns on one output. In 
■AKrinn each oTtbe 2*' k>gic blocks 10 is provided with an ALL input utich uten turned ON. turns on aU the ootpats 
of the logic block: in additioa there is an ENABLE input, utich must be turned ON it any of the standard inputs is to 
be able to turn on its corresponding output. The 2*^-1 unar> outputs from die upper *^^^^>are used in additioa to 
the 2" outputs from each of the 2*' k>gic bk)cks 10 in the Q^tflii^sLposiiiiULs i^hown in Fig. 9. fakeo together this 
results in 

2*^-1 +(2''=-lM2*^) = 2"-l 

oulpiib in total as required for an nA>n unipolar binar\* to unar>- encoder. Each of the n/2 bit eoooders 9 has order of (n/2 
-\)2^ gales. « twoof ihero uill have Hm/2 -n.2*-** gates. This can be very much less than the number of gates in an 
n-bit encoder For example, if ri= U) (a reasonable vahie tor good sound quahtx ). then ( f?- 1 ) 2" = 92 1 6 is the approximate 
mMbbcr of gales fortfae standard lO-bit unarv* encoder, uiiereas (n/2 -1)2''^*' ^ 4.2^ 256 is die approximate number 
of gales for a standrad 5-bit unary eoooder. a pair then requiiing onK* 512 gates which is ver>' much less dum 9216. Thus 
the cost of the encoder falnricated in this nuniier can be much reduced as it is much simpler and uses muhiples of the 
device (in diis example, two of die n/1 bit encoders). This decomposition scheme is not limited \oibcnto (ft'2 
limes 2) sdbetac decribed here for illustration. One can split up the input bits into groups in man>- odier ways and still 
lealbe savings in the number of gates and die overall complexit) . For example, if » was a multiple of 3. then one couki 
spht the n input bits into 3 groups d*n/3, <e.g. if w = 1 2, then instead of a ^ogkLimcQder w idi order of ( 1 2- 1) 2 = 45056 
gales, one couU use dnee 4-bit eaooders) and in general when /t is a multiple of k. dien the mput bits can be spUt into 
k groups of n/k. 

Fig. 10 shows an m input bgic bkxk 10. containing extra gating to provide die ALL and die ENABLE functions. 
ApiTOcmiaielv 2m siinple gales are required for an m input kigic block. The gaung ivquucd is ver\ sunpk. and because 
imiki^ such units are required (for our exaoiple above where a 10-bit bmar> mput i> decomposed mioru o groups of 
5-bits. one wouW need 32 (= 2*) logic btocks each widi 32 outputs) Ihcv umt cost i> much reduced. 

Adififercat scfaone for implementing an n-bit binary to unar>- encoder is dlustrated .schematically in Fig. 1 1. ntee die 
fi-bit binar> input signal 12 is applied via die bus controller 13 to a commoo data and control bus 14. to which are 
OQonected a >encsol r identical encoder submodules m,. m.. m^. ... ni, shown at 15. each wndi p encoded unary ouputs 
pooped as Ci,. 0^ G>. ... Ci^ shown at 16. The nature of die bus structure alkws a variable number of identical modules 
15 to be added to die bus 14 to provide a variable bii-widdi binari to unaiv encoding scheme. In operation, die bus 
oootroUer 13 initiahses aU die modules 15 \ia die coouol and data has 14 at power-on or reset time, gixing each of diem 
a umquc address. After dial initiahsatioo.w-bit binary dau fed inlo die bus coniroUer at 12 is passed in parallel to aU die 
submoduks 15. and depending on each rooduk's address (initially 

each decode a umquc range of die of die «-bit binary mput signal values into p unary outputs, for a total of |>.r anar\ 
aflputs.taoociinpfcmcoiatk)iLpisaninieg<rpowcrof2.cg^ 15 are implerocnied as shown 

tn Fig. 12 where die n-bit binary input dau section of bus 14 is seen to spbt into two groups of bits. 21 and 22, widi 
group 21 coinprising die <?kw order dau biu and group 22 coniprising die n-^-/ high on^ 
dau aj» bit) of die bos 14. The ^ k>w order dau biU 21 are fed into a fl-bit unipolff 

/ 
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they neoaavened mto/roatpiii iin8i>' signals at 23 wtiidi m toni are connocted to the ui/i inputs of logic block 20. Logic 
block 20 acts as a suitcb bemeen the p unar\* stgnab 23 at its input urn and the ;y unan signals 16 ai its output uouh 
and is ccntroUedbt* two input tines i4ir and £iia5i^ irthei4ff input is on (logic l)thea ail unar>* outputs 16 arc turned 
oa independent ot* all odier inputs to bkwk 20. If the Enable input is on. then each of the p unar>' outputs 16 take on the 
stale of the oonespondtng one of (he p uttar\* inputs 23. providing a su^ight-through gating function. Finalh . if neither 
>4ff nor £>uiMr isoo. then all p unar>' outputs 16 are turned off The it-^-/ high order data bits (excluding the data sign 
bit) 22 of Ae bus 14 are connected to a latch 17 and a magnitude comparator 19. The latch Ls controlled by signals from 
control block 25 whidi in turn connects to the data and control busl4viathebussi gnals 24, wfa ich ser\'e lo allow the 
bus controller 13 to bad a unique vahie into each latch 17 at s>'slem initialisation tyne viajjnechanigm described below 
(and ilhistratcd in Fig. 13 described later), in operation, after initialisation, the n-^-/ bit value stored in latch 17 which 
is fed to input B oTntf-i bit magnitude conipaiilQ iLl9. is continuousK.fiQ gpared to the va lue>Qn,tbe,upp6r»=fcZd«ia 
lines (exclndmg the sign bit) of die data and control bus 14 which Ls fad to m pH^ A of '^'^CTtWjg comf fTi!g_19 The 
A>B ontpot ofcampantar 19 is connected to tbe>4// input of logic block 20 while the A ° A output of comparator 19 is 
cwwint to the Enable input of btock 20. The nctt effect of this circuitr>' is that wtaiever the binary input data has a 
vahie less than the vahie hekl in the latch 17 (taking into account its bit significance) then none of the unary outputs 
of a subroodulc 15 will be on. Whenever the binar>' input data has a value greater than the value held in the latch 17 
(taking into account its bit signifkance) then all of the /? unat>* outputs of a btock 15 will be on. Finally when the binary 
n|Nd dau has a vihie equal to the value held in the latch 17 (taking into nooonnt its bit significance) then the remaining 
9 tow order bits wiU be encoded into /^unarx* outputs b>' encoder 18. Ifrsuchsubmodnles 15 are connected in parallel 
to the has 14 each ^^^^led with a different value in their respective latches 17 then the whole assembly will 
completeK* encode the n-bit binar>* input value onto the p.r unai>' output lines as required. This configuration has the 
virtues of simplicity, moduiariiy. and eas>* extensibility to greater numbers of identical modules 15 and greater numbers 
of input bitsn. 



Fig. 1 3 illustrates a general method of aUowtng the interooonection of multiple identical modules on a parallel bus 
structme and providing means of independentK'cootrDlIing each of them, even though Ibev' contain no hardwired unique 
identification codes, in Fig. 1.1. 27 represents a data and/or control bus for connection to multiple modules in parallel 
simihu to. e.g.. the data and control bus 14 in Fig. 1 2. One of the lines in the bus 27 is shown separateh' as 26 and 32, 
and is broken at each module connection location on the bus as shown at 35. The end of the bus in the direction of the 
bus CGQtroUcr (e.g. 13 in Fig. 1 2) is shown as 33 and the control line 26 from that diroctioo is connected to the D input 
of a standard D-i\pe flip-flop 30 whose O output is connected so as to dri\c the line 32 of the bus away from the bus 
controller, and towards the next module on the bus. The flip-tlop 30's clock and reset control inpiUs are connected to 
suitable biK control hues as shown as shown at 29 ami 28. Wheneier line 31 in a module is at logic 1. that module will 
respond to programming information on the bus lines 27. (becau.se of other circuitT> in the module, not shown, but 
controlled by line 31)« but wiU otherwise ignore it. In operation, to control sqiarately and uniquely all of the modules 
aothebus27.each with oomrol circuitry as sbowii in Fig. 13.tfaebu»coDlToller (not shown in Fig. 13) first Issues a reset 
signal on the line 28 which clears the flip-flops 30 in every module. aSier which it places a logical high on the Din line 
26 which oQpnects only to the firsi module on the bus. The bnso ontmller then issues^y^rngk clock pu^ gffjfafr^^^ 
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line 29 \%iiicfa clocks c\tn* flip-flop JO. As aO flip<flops 30 were pre\ioush- reset. «nd all but ibe first cm the bus receive 
D iapm sigoab tan the O outputs of previous flip-flops 30 oo the bus lines 32. ooK the llrst llip-flop 30 oo the bus will 
clock in a logic I . all the rest clocking in a logic 0. At thL<i point the bus controller places a logic i) on the Dm control 
line 26 and issues any required control signals destined uniquely for the flrst bus module. (>nh tnoduk: 1 uiU respond 
to the control infomulioo as it will be the aoh module whose line 31 is at logic high as pm iousK described. Thereafter, 
the bus controller mainuins a logic 0 on the Dm conuol hne 26. and issues succcssi\ c clock pulses on line 29 which 
have the effect of shifting out Uie logic high on line 31 of one module into the flip-flop 30 of the next module, whilst 
shifting in logic /croes everywhere else, the whole structure operating similarK to a serial shift register, and between 
successi\'e clock pulses the btis controller issues prograiruning and control informatioii for the one module currcnth* 
activated by its control line 31 which is currenth* hokiing the single pulse in thu(^^^^^ structure so formed. If ^ 
desired, the bus oontroUer noay additkmalK' be CTwnttrtfid to the far end of the control bus (away &om the bus controller) 
via a spare line, connected to line 32 in the last module onh' on the bus. and in this wa\'. by awaiting the arrival of the 
shifted-lhrough pulse in the shift register, (he bus controller can determine that all modules on die bus have been 
piogmuned. and may also count the nimiber of such modules present, which is in a variable modular structure 
where fle:dble prograimiiability is desired. 

As the transducers 4 in Fig. 1 are what produce the external sound (acoustic) power from the electrical signals within 
the digital kxidspeaker. the transducer drK-eis 3 have to raise the digital signal lc\cls to a power level adequate to 
pioduoe the desired output sound po«%tr. taking into account the efficienc}* of the output t ran sd u ce r s. The level required 
wiD depend on the tvpe of transducers used. e.g. piezo-electrk. f Ifrtnrrtatir , rpniug^fi'l magn*"^ magnetorestriclrve. '| 
In digital k>gic terras, the transducer drivers 3 are simply pulse ampUfiers. In practical terms. the> may also be required 
to produce some pulse shaping, to compensate for the transfer function of (be o^ansducers 4. so as to maintain an 
approximately square sound-pulse shape. It should however be noted that the total output sound power of a digiul 
kxidspeaker with S output tnmsdocers is P = V x where p is the output sound power of a single transducer. Thus, if 
e.g. -'ooe wan sound power is required (roughh' equivalent to that from a conventional moving coil hi-fl loudspeaker 
driven with lOOW of electrical poi^-er). then an 1 1 -bit digital kHidspeaker with -1024 transducers wouU require/? = 
-ImW output from each individual u^sducer. Such power lexcLs are casiK available dirccth* from togic gates. 
ADowing for low eflictencv' dodro-acoustic uransduccrs (say as k>u as -1%) still ouh requires -lOOmW of electrical 
drive power per transducer which is ea.siK' accommodated b\ a standard buffer logic gate operating at for example 5 V 
and 20mA. Thus, practical digital loudspeakers may have their transducer arTa> elements dirccth' driven firom suitably 
selected standard k>gic components. 

Fig. 14 shows Ihe electrical wix-eforras 36, 37, 38, 39, 40 as a function of^tm^on| the horizontal axis.-36 represcn 
a t\pical bipolar unary electrical signal avalable from the binar> to unary encoder after combination with the sign 
information, which conesponds to the desired pressure output from one transducer of the digital kxulspcaker (hat is the 
subject of this invention. The waveform section shown encompasses a period of zero pressure demand between time 
O and time . I . a constant positive pressure demand from time A to lime a further period of zero pressure demand from 
B to C. foUowed b>' a period of constant negative pressure demand from C to D. and thereafter zero pressure demand. 
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To a fiisl appfoxxRiatioiL the mnsduoer diaphngm must mow u ith constant \-elocit> to produce constant pressu re, and 
zero v-docit) to produce zero presfotie. and tberefore wax-efonn 37 is ilhistrath e of the n ^uired velo city^^^ with 
time for a transducer to produce the pressure proAk sboun in 36. Wc make the simplifying assumption here, that is 
goKralK' Inic lor common traasducers. that the input dri\'e vx>ltage or current waveform to the transducer correspoods 
to the force produced on tbejyxssdueva^liaphtaglP- For a transducer u here the dominant reaction force on the diaphrag m 
is restsdve or \iscou« due to the resistance of the air being moved in the production of sound, then uaveform _37 fuhj ^ly 
is substtntialK- the same as 36 apan from perhaps scale) represents a suiuble force-time profile to achieve the desired 
pressure wa\*esbape in 36. and in turn is also a suitable electrical drive waveshape, so essemialh' no puke shaping is 
required in this case. For a transducer where the dominant reaction force on the diaphragm is a restoring force 
proportional to the deflection of the diaphragm, as might be produced b>' fl:dia^hragm suspension. then_u a\-eform 38 



s a suitable foroe-cimepralik to achieve the desired pressure waveshape m 36. where it will be seen to consist 
of constant ramp rate sections between .4 and i9. and C and D. of opposite slope, and constant levels of zero slope 
elsewhere, since such cQi^ntampjlte oorrespond to linear increases of force, and thus displacement with time, 
lesahing in approKinrjtteK constant pressure output for these pe For a transducer where the dominant reaction force 
on the diaphragm is ineilial due to the mass of the movbg parts of the transducer and entrained air. then wavefonn 39 
represents a suitable foroe-time pioGle to achievie the desired pressure waveshape in 36. w here at time .4 a short duration 
positive dri\ing force terminating at time A ' Ls produced to give^-positiveiifipuLsc of momentum to the transducer's 
moving mass, after which the mass coasts at approxinutdy conjdMtp^jth^ v^^gpiix'-jinulJintg fl. ybfl* '*^*^gi"ni a 
^on negmA^snpufee^rSne^'loMiirii quickK' lo rest again, whereafter at time C a ftmher short negative impulse 
is given until time C to give the moving mass a negative tTn p»l<M> of momentum, followed by a further coasting period 
at substantially .constant negati\'e velocity until time D at which a short positix'e impulse until time D' is applied once 
more bringing the moving noass to rest For a transducer with mixed dynamics where the dominant forces are some 
comhinatioo of Ac three id e n tilki d above, a co mp osite drive waveform, an examp le of which is shown at 40. comprising 
soine suitabfe hnear combinatioo of 37«38 and 39 inay be api^ied to produce squa^ 
as required. 

Waveform £ ma\ he produced with high electrical eflTciency in a standard pulse amplil icr. Waveform 38 may also be 
ppduttjd jMthiu gh electrical ^ftciencv b\ means of ^tSse^wklth^ odul^^ t PWTVI > of n iunahlvJ»ttb-fifequemaLpulse4 
wgvefjDgnjt thc^ ypwTO^ Fig. 15 iDustrttes a nov^el digital pulse width modulation ramp generator. compri»ng 

a high frequency clock generator 41 . wiiich feeds into the clock input of a Ar-bii binary counter 42 with parallel binar> 
output OR at 52 which in turn feeds into one of the tw parallel binar> inputs {B in this case) of a A-bit binari' magnitude 
comparator 43. There is also i digital divider 44 connected to the clock 41. the output d of 44 shown as SI being 
ooiuiected lo one of two inputs of an ANfD-gate 45. The unaf> signal V„ shown at 47 which is to be shaped as a ramp 
as shown for example at 38 in Fig. 1 4. is connected to the other input of the ANI^ gale 45 with the result that w henever 
U„ is at logic one. clock pulses from d of divider 44 issue from the output of the AND gate 45 from wtere the>' are 
connected to the clock input of Jt-btt binary up/down counter 46. and otherwise the output of the AND gate is at logic 
km*. Up/down counter 46 has its up/down control input connected to the sign-bit (or unary sign signal) of the digital 
k)ud!^ieaker circuitiy and determines whether counter 46 wiU count up when a clock pulse arrives at its input m count 
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<kmaTbere9ridipmofooitBler46isaning6d(oseltbec^ activated (e.g. if X- were equal 

to 10. so that 46 bad a m«vmiiwn counl of 1023,o =1111111111. (btzun ). tbco rrset might be arranged to set the 
counter to 5 11, 0 = 01 1 111 11 IK) aodis connected toanextenul signal sboun at 49 which might for example be 
issued b>* the bus controller 13 at sv stem initialisation lime, or pos.>»ibK at other times uhen the desired output sigiul 
fiom the unar\ output I )„ was zero. The A-bit parallel binarv output Ol of up/down counter 46 is connected to the parallel 
binar>' input A of comparator 43. such that the comparator continuously determines the magnitude of the out put OI of 
46 relative to the magnitude of the output QR of 42. output .-I B of comparator 43 then being at logic high whenever 
Q!>QR. Detaib of diOa synchronization are not shown for simplicity*. The effect of this logic circuitrv' is that after reset 
time (i.e. after a Res pulse has been sent to 49 from outside the circuit block) and while l ?„ remains at logic bw. the 
counter 46 stays static at half-full coimt w bile counter 42 cvcles throughout its k-h\\ count range with period P - Vff 
vAMOcfs the ftequency of digital clock 4 1 . and thus output Pli'M shown at 50 derived from output A of 43. spends , 
pracaelvhalfits time at logic low and half at togic high. This output 50 therefore has period P and mark-spaoeratbof 



> fenm ctut tiAwi I f^^ pnet to lopic hiph. then depending on the state ofHnASign input counter 46 cither 
1 19 or down from its initial half full coum at a constant rate detennined by the divided clock signal 51 so that its 
soutput vahie I 'available in parallel binary at Ql from counter 46 is linearly varying y*th liar fl rp'^ i 
Jg p counts per sec. wb ge D is the dixiston ratio of ctock di\^ider 4 4. If the clock rale /'of counter 42 Ls large compared K 
with/D<i.e. d'/>»l ) then I 'ma>' be assumed substantialh* constant over a counter 42 period P. in which case the PWXf v 
q p^l ffl wit h.> high far the fractiMi 17(2*. I ) of Ae period P where 0 I 'l ( 2*« 1 ). which is evactK the condition required 
for the signal 50 u> be a liitear pulse width modulated representation of vahie 1'. It can be shown that even when the 
ooodition/* /D does not bokL that the circuit still produces linear pulse width modulated signals at output 50. As the 
value r increases or decreases linearh' with time wiien l)„ is at logic one (depending on whether Sirgn is at logic hi^ 
or bwX die effective value of the PH^/ output 50 (which is just the time average of output 50 during a period as kmg 
as or longer than the peiod P) is a linear ramp while U. is on and a static value when I J„ is off. which is precisely the 
ooodidonrequuedtogeiieratethetypeofwavcfOTniUnstratedat38inFig. 14. for driving spring-limited transducers 
to produce r l^ square Hipif I acoustic pulse outputs. In practice additional circuit relinements are useful one of which 
is 10 coofiguie counter 46 as a dead-end counter so that when it reaches either maximum or minimum count it will not 
roD-mcr. but msiead remain at its terminal count vahie until the count direction (up or down ) rexcrscs and the next clock 
pulse arrives. ThLs adds significant stability to die PWM generator. It is not essential that the clock input elk on counter 
46 be derived from the same ckx:k 41 as used for counter 42 as shown, although this again assists with stability . 
Additknal stabilitv can be K^hieved in the digital kMids-peaker application of this circuit by svnchronizing clock 41 with 
die digital kiudspcaker inpui-dau sampling clock, and separateh . by driving the Res mput 49 high, whenever the input 
dau word value on the control bus represents zero. Also, for the digital loudspe aUyapplicatiOT it is essential that the 
fullHxmnt pcnod of counter 46. which is T = 2*D//is greater than or equal to ihe half-period of the tewest frequencv 
audio signal that it is desired to be faithfulh reproduced by the speaker. tvptcalK 25ms for a 201 Iz lower cut-off 
fiequencv . In die application of this PWM generator for a digital loudspeaker it shoukl be noted dial circuit components 
41, 42 and 44 may be sdiared amongst a large number of individual PWM generators assigned each to^a'^^unary 
output U„. so Ihe saving in parts is coosiderabk;. It shoukl be noted Uiat this digital method of crealmg pulse width 
nMwt!f»«»**< (PWM) waveforms has applications outside of digital loudspeakers wherever PWM is useftil. 
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A ^''■""■g" lequirenieni of PWM sy^beass is « law pass filter system to reduce the high freqtieocy si^itching noise in the 
final output drive u«\'efonD. Such low pass llltei^ are more complex and expensive to construct the closer the PWM 
j j j pcirfilclsto the hipbest modulatton_ft equenc\' required to be reproduced in the low piss fdtered output. A method, 
which uses no extra oompooents. of maximi/ing this Ircquency ratio for a PWM generator of the luixi illustrated in Fig. 
15 is Dou described. Fig. 16 shous in some more detail the conventional method of tntcrcoimecting the r>%o counters 

42 and 46 to the magnitude oooipanitor 43. where it will be seen that the least significant bit outputs of the counters 46 
and 42 sfaow^n as q,, ... aie connected to the least significant bit inputs of the comp ararnr 43. shown as . 1^ Aj. 
... ad B» Bf, By ... and the rest of the bits axe connected in the same sequence right through to the most significant bits 

ooanectcd to. and By.^ This method of cooDectioQ restihs in a PWM output waveform at 50 that has a puLse period 
of l^ff where /is the clock frequenc> of counter 42 and k is the number of bits m thai counter. As an example, for the 
simple case where and where the value (assumed static) represented b>* the output of counter 46 b 10 1 . = 5,o then 
Hg. 17 shoves at 52 the expected waveform at output 50 with mark:spaoe ratio of 5:3. and at 51 the clock input signal 
looaunicr42 and marks die eounter 42*5 count stale aboweach dock pulse as 0, /. 2. ... 7. 0, etc.. Waveform 52 resnhs 
became while ooumer 42 is in the first fiive states 0\o4 its output is less than that of counter 46 ayaimcd static at value 
5 in this example, and so the .4 >B output of the comparator is at logic high for these states, after which it goes low for 
the rest of the counter 4rsc>'cle. In the improved \etsioD of the circuit shown in Fig. 18. it will be seen that the bit order 
of the ooonoctioos betM^eoi the bit outputs of counter 42 and the bit inputs of comparator 43 ha\'c been reversed so that 
the most significant output bit of the counter q^, is now connected to the least significant bit input Bo of comparator 43 
and this bit-order reversal is carried through for the other JsiLcoono^ions between these devices right through to 
ujuuP i lr M i to 0A.t. The effect of diis bit reversal is to alter the count sequence seen on die B, (0 - t<ki inputs of comparalor 

43 when xiewisd in the oooventiooal bit onler. with 5o being the kast significant bit of this comparator mput. The actual 
comt sequence seen for the previously given example (with k ~ 3. and where counter 46 has value 5 on its outputs) is 
shown at S3 in Fig. 19. The resulting PWSf output from SO in the nradified circuii 1% shown at 54 m Fig 19. where it 
will be seen diat whilst it still has the same required average mark-space ratio as die previous arrangenuail (shown at 
52 in Fig. 17) of 5:3. it now consists of dnee chides during ooe period of counter 42 rather than just one. This is precisely 
the cffisct required to reduce the efiTort of low pass filtering. It wiU be apparent to those versed in the an that this novel 
technique of raising the etTective pulse rate of the PWM output waveform is geoeralK applicable to all applications of 
pube \%idth modulatioo and is not rcs^iicttxl to use in the digital loudspeaker invention presented here. Other ruorderings 
of die bit coonectioQs betv^oen 4 2 and 43 dian the one shown here are useful in this respect but it can be shown that the 
bit-reversal ordering giv^ the maximum number of output transitions over the tuU range of PWM output states. In 
particular, the bit-reversed ordering produces an output at 50 that transitions on each clock pulse to counter 42 when 
die counter 46 ui at half-full count, which is the maximum possible output Irequencv from such a circuit, with 50% or 
1 : 1 mari-space ratio. 



^ ~^A digital method of producing a wav^orm of the t\pe shown at 39 in Fig. 14. f or die driving of mass-limited (inertia 
dooiinatod) acoustic transducers Ls illustrated in Fig. 20. where a unary input signal f. ', at 59 and die Sign signaL^rive 
die ctock inputs Clk of a pair of (lip-llops 57 and 60 via a pair of exclusive-<)R gates 59 and 62 and an ^erter 64j 
such a wa>' as to dock in a logic- 1 ini o die D input o f one o f the flip-flops on die leadin g edge of the (. signal and into 
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the other flip-flip on the trailing edge, which flip-flop responds lo which edge being dependent on the Sign signal. In 
the configoration lOioux. uten Sign is at logic l<m then flip-flop 57 is clocked by the leading (rising) cd^ of L\ and 
flip-flop 60 b\ the trailing (falling) edge. The leading and falling edges of are arranged to be sxnchronons with the 
rising edges of the clock signal Clock it 55 (whose waveform is shown schematically al 65 in Fig. 2 1 ) wiuch is applied 
through an imviicr 56 to the reset inputs R of the flip-flops 57 and 60. The ncn cflcct of this conliguration is that when 
i\, goes high (see Fig. 21 wawfcmn 66) one of the flip flop outputs goes high and is dies reset to 0 half a clock c>ch: 
(of C/odt) later as shown al 67 and when L \ nevt goes low the other flip-flop output goes high for half a cycle of Clock 
and then goes bw too as shown at 68 . If the two flip-flop outputs ^ / and Q2 are used to drive a transducer 63 in push- 
pull as iUusnattid in Fig. 20 cither directK* or via transducer drix cr circuitry . the transducer is dri\'en b\* their difference 
signal which Ls shown at 69 in Fig. 2 1 . This waveform is precisely of the fonn required, as shown at 39 in Fig. 14. lo 
drive an ineitia dominated acoustic transducer in order to produce clean aoouslic pulses. 

Pf ^^mc f> ^ niitptit oftKr Hipttal jffit^^pfLp.- is svnlhcsised from a large number of pubes. rather than smooth analogue 
waveforms, diere will be frequency components in the output outside the normal range of hearing. geoeralK reckoned 
to be -ZOHz to -ZOKIiz. As these compooents are by definition mandible to humm . it is possible to simply ignore 
diem. However. k)ud M^mds in the range 20KHz to 60KHz can cause a certam amount of alarm and distress in domestic 
animals, and it may be necessary to reduce such emissions as much as possible. 

One approach is to place an acoustic kyw-pass fitter over the output transducer arra) to absorb such frequencies directK 
at their point of generation. A material with a heaw sound absorption above -20ICHz but which is practicalh* 
aGOU.slicalh transpareiit below ^^^^will proxide the required filtering. 

^ A qrarf trpm*rh k tft mmimtgg the high frequency emissions from the transducers themselves. This can be done by 
ensiving that even at die jdja y*^ f^ nf o p eration, the resohtfioo of the digital hmdspcakcr (m tgms of bits, or 
unary digits) is kept as high as possible. Tbejg^st theorem tells us that to adequateh* reproduce a 201CHz sine wave 
from digitil jmnpin ^^jocdlognrop^^ ■ frrqiym;v ftf H lr*<^ intf In practice reproduction of a sine wave from 
^ ' few samples (i.e. just 2 per cxclc. when sampling at the nyqubu rate) can only be achieved with a perfect low pa-ss 
fiher. fbc lihering lequiremeots can be much reduced if instead we sample ai a rale muck higher than the nyquist rate. 
If the digital input signal is available at a gi ^bl> high sa piphnp r ate then no m ore needs lo be done other than to 
maintain thai sampling rale throughout the digiul loudspeaker. If. howexer. one was to drive a practical digital 
^fflH^f^^'^ Irom. sav. digital audio signals derivtsd from a tympacl4^sc. uhich is sampled at -MWfe then one uould 
need to bUerpoipte the digiul samples to create a higher sample rate. Such a process Ls alreadv done to some e\lent in 
better quabtv compact disc players to ea.se die filtering requirements when convening the digital signals to dedricat 
analogue sigrtais for further amplification. Here, we arc suggesting that a similar process be performed on low- 
sampling rale digital input signals to ensure that the sound output signals from the digital transducers of die digital 
loudspeaker should have less spurwus high frequencv* content. 
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The design of digital budspeakcr using unan code at the output transduoens. ensures that individual transducers will 
tun oo and off ooK' oooe per cycks oTsine wavv output, independenl of the resolution of the digital output, enabling this 
digital intapolatiaa process to be carried out to an>* degree without increasing the specifications of the output transducers 
in tanns of dieir frequencx* response. This independasce is not the case if binar>'. temar\ . or other number- ( greater than 
or equal to 2) -based digital coding is used. 

In this design of digital loudspeaker, the output sound is produced b>' an array of transducers acting together and in 
ooDPCft No individual tnmsrfiiofr atone leproduoes die desired oulpmsotuid It istheittfore important that a human 
listener be placed in such a position that an integrated effect is heard from aU of the transducers equalh*. as far as is 
possible. If the transducers have finite size then the\ will occessarih* be separated in space from one another. 
Anaogemeots of transducers chat minimize the path length differences between individual transducers and the listener 
dwrefore are desirable. For example, if diere were 1024 32 \ 32) transducers 70 as shown in Fig. 22, and if the 
transducers 70 were cimlar and say 30ami in diaineier, then one pcKssible amngcmeot would t>e to lay the transducers 
all oat along a line. Even if the spacing between them was zero, the line of transducers would be 30 \ 1024mm 
»^3 Imetre which in itself is ahead)' impractical Therefore, (refer to Fig. 22) for the padi length d from the middle 
transducers to the listener 71 at L to be no less than. say. 10% smaller than the path length h from the outer pair of 
transducers to die listener, it is neoes»r> for die Ustener distance to the array to be at least ^32m. For much closer than 
10% path length matching, diis hstener distance increases pzoportionateK-. Clearly this is impractical for most (domestic) 
lisleoing purposes. 

In Older to minimize the least acceptable listening distance, it is therefore important to minimize the spatial extent of 
the transducer array. This can be done by laying out the transducers 70 in as tight a two dimensional arrangement as 
possible, and regular circuUr. hexagonal and square array shapes are close to optimum from this perspective. For the 
example above, if a square arr^ of 1024 30mm diameter u-ansdooers 70 was laid out as per Fig. 23. dien the aira>' 
becomes %0mm wide by 96(hnm high (i.e. 32 times shorter dian the linear amy sketched in Fig. 22. and die 
corresponding listening distance falls from 32m to -^Im which is much more practical. 



A second way to minimize the extent of die array of a given number of transducers, is to make the transducers 
diemscKvs smaller across their aperture. For example, for the array shown in Fig. 23. if the Uansducers 70 were 3mm 
across their apcrtiue instead of 30mm. then the mty of 32 \ 32 transducers could be nuule as small as 96mm square, 
and the minimum listening distance according to the same cntcrion as described abo\'c. would fall to 1 0cm. 

So. compact two-dimensional arrays ol' small transducers are best for listening from practical distances. 

If the transducers themselves are thin, front to back, then die am\' size can be reduced even further b>' producing a \ 
muti-4ayered Arte dimensional arrangement of tran.'iduoers where a front two-dimensional array of transducers is 
placed over one or more further two^limensiooal arravs of transducers behind it with the sound from the rear arravs 
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passing thnm^ gaps between ttie front ana> s. or through boles in the transducers themseh es. IT the transducers are 
aeoessarih circular (for example, because of their method of constrttctton). then any regular array of circular devices 
DooesssiK- has gaps in it as circles of one size do not tessellate. This multi-layered two dimensional arrangement then 
^^ff'^iffiee anractne. and allows a \er> compact arTa>* to be constructed. e\'en when using a large number of transducers. 
Staggering loiccessiw two dimensional arrays allows the centres of the rear transducers to ahgn with the centres of the 
gaps or holes in the front transducer aiTa> s. Fig. 24 showing a side view and Fig. 25 showing a Ironl view of such a 
tfaree-dimaisiooal arrav' of transducers illustrates these principles. In order to synchroni/e the sound puLses received by 
the listeDer from the different layers in the third dimension* it may be desirable to add differential digital delay to the 
signals in each layer to oompeasate for their different distances from the listener (six below). 

pff»fi*Qt» itnm digital ffl d c b*^ n" paUfCT'^*'' pn«rtMwial ciptjjfy^y^^ wc aTC frcc lo cotuiect the imaiy digital outputs from 
tlKli«isdiiocrdriversLtolraifidooefsintbeanay(s)in^ As quieter soimds will be irproduoed 

wiii smalkr total numbers of tnuduoecs active than kwder sou^ 

■qiik signal levels. i)faysicaQy«6*^>^ the overall size oftfae sound source 

» lupl as compact as possibfe al aU soimd oiitpm levels. Fmt^ 
used to lepiahKX any particular sound level is lurpt as ckyse to d^ 

the apparent sound source position will appear to move the least with changes in csprsdllStid^Qiffidiorcl. Thus, good 
pMens of intennmectioo of traasducers to transducer dri\'ers. include tight spirals centred on tbe geometric centre of 
the array (with the obvious extension to throe dimensions if a muhi-layered array is used). Fig. 26 illustrates this 
principle for ^ special case of a faexagaoal two dimenstonal array of circular transducers. Its extension to square arrays 
and other regular two-dimensional and three-dimensional amy structures is sb-aightforward. 

to onkr for tiK hsttaiT S bcsing systom (ear & briin) to be able to p^^ 
kndspedtcr so as to lecoosmict tbe desired sound, it is impoctam that so 

output array arrive with the correct tinoe relationship (Le. at tbe same relatrx e times as the parts c€ tbe crigmal mput 
ugiud tf>c>' tepresent ). As the transducer array is distributed in space in two or three dinaeawns. a listener not placed 
a ven long wa\ trom the loudspeaker w ill hear the different sound pulses at times atrcctcd by their spatial positions in 
the array. Fhis is illusu^ted in Fig. 27 where a listener is on the left at L and a two or ihiec dimensional array (drawn 
scfaematicalh in cross section) is at the right with just a few (T,. T;. T„ T,. T,) of many transducers shown. It will be 
seen that all tbe transducers T, ( i= I . . in general are at unique distances D - d, from L.. w here D is the distance to the 
Dearest transducer to L. Aown for example at T. in Fig. 27 The tunc of amval r of pulses at L crained .simultaneoush 
fsom aU transducers \, at tnnc r wiU be (, = r f/^ + djic | where t is the vclociu of sound], which in general is different 
for ever> transducer. 

It is possible to oomplcteK correct for diis undesirable effect for an> one given listener position L. and approximately 
oonect for a wide range of listener positions, b> adding differential digital time dcU> to the signals to each transducer. 
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Ftg. 28 ilhtsMes bou- this is achtet'cd:- V unm signals from the encoder tre led tn ai the Itfi each to a separate digilaJ 
delav' line 73 producing delays t,. t^ ... l^. chosen such that:- 

y%MC<^^ d//c, uIkic t^ ' {ly^JxuxVc and dj^. is the nia.\tmum \-alue of df^ and t, is the appropriate \aliie ofdelai 
for transducer at distance L>^d^ torn L.. As the signals to each transducer are one-bii or unar> digital signals, deia>' 
devices can be vcr\ simple (e.g. a 1 bit wide shiA register or suitabh addres.sed RAM storage clcnicnLs). The 
amngemeot of the delays is such that the transducers closest to the listening position are delayed the most, and those 
ftfflbest from iL the least or ooi at all so as to gi\*e the sound from the di<aani traasducers a bead-stan'. In practice, the 
dday appbed vnuU be quantised to the nearest integral multiple of a aiitable delay time (e.g. Sfis. for maximum 10% 
error on a 20KIi/ output signal). Thas a digital dela\' s>-stcm with a 2()0KI1/ clock and variable length real or 
synlhesisod shii! registers in each transducer drKer path would sufiice. This could be integrated w iih the transducer drix-e 
electronics into an ASIC (Application Specific Integrated Circuit), and die actual paneni of delays required for a 
partcolar u a i w i l iii n and hsleoer-geaiDetiy ptogiammed into the driver chip . This program oonld even be varied to suit 
diffaoAt hsteoiDg positiaos during use of the loudspeaker. This is illustrated in Fig. 29 where the .Vtmary coded inputs 
arrive attbelcftat77aDdarefbd imo <V progmnmable wiable digital delay generators 76 with delays t;. t. ... to each 
digital delay being controlled by a signal from the digital dela\' program store 78 which receives program dela>* 
information from input 75. The outputs of the dela>- generators 76 o'entualK drive traiLsducers 74 as shown 
scfaemaiicalK*. The program delay infonnaetiao 75 can either be set up once befoiv each use of the loudspeaker, or coukl 
altemativeK* be varied d^munically throughout the use of the speaker, and one apphcation of this would be to track the 
listener's position relative to the loudspeaker and optimise the delay pattern t, to ty for his current position. 

^0 The digital nanire of the output transducers allows a method of volume level control that ensures that maximum signal^ 
resolution and nuximum ag pal-to-noise r ati^ ttt>iny< yt ^ll levels-oPlkienmp wiih particular advantages at low 
ttstening levels. Widi a oooventiooal ( analogue) hi-fi amplifier, the system vohnne control is usually placed somewhere 
before the main power amirfifier in the input*to-oatput path of the system. The effect of this is that the power amplifier 
itself is a 1 wax's operating at the same powcr*level regime (i.e. alwav's capable of full power output) aixl more 
impoctantly. always produces the same 4 ^soh£ level j })f self-generated spurious output noise. When listening at hi eh 
Igv ^ where tfa egeak^outpui jpowef^^ approached then the perccix^ sienal -nftt^'-ratift <»nrl 'V^ ^mplffi^ isp^ 
llowewr. when listening aimuch.rcduced (and^ucb more conunon domestic) li.stcouig levels, e.g. p I wtere / might 
typicalK' be 100 (e.g. a listening fc\«l of 1 W electrical for a lOOW ekctiical amplifier) then the perceived amplifier snr 
is {plNn. i.e. the an isj educed by thc^^^r /. T his can bring the am plifier self-noise lex els into prominence in a hi-fi 
i^^stcm. fhc DLS aik>ws at least two methods of volume reduction in the amplifier itself, right at the power generation 

i^'V pomt so that noise and signal are ledooed together, thus ouintaining the inherent snr of the DLS/ amplifier combination. 

Method I Ls to suppK the output pulse amplifiers from a variable power suppK' le\'eL so that smaller puLse ampUtudct 
are produced wfata a Jowig^^ne^^ itgikjiseirTo impfcimiit such a scheoK:. the power laippK' output vxittage wouki 
be made to depend in some wa> . on ttevohnn e leveLsetting^^g aL hi thLs ca.se. output power Ls proportioiul to the 
square of suppK voltage, gixing a wide power output range wliilst keeping the suppK level within operating limits of 
the pulse amplifiers. 

/ 
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^lahM applies pulse-wklth coatrol to tbe output transducer drK'crs. so that utcrcas Donnalh' the transducers would 
cither be on or off for an entire digiul clock c>TcIe. by contrast with pulse width unitrol. the transducers that were 
prciiousK on for tbe whole of each digital clock o cle wouki all be gated off for a same proportion of each such c\cle. 
If the proportion of a cvcfe gated off was t% then output power wouki be reduced to ( lOO-.tk'Vo. so with this method 
control is proportional to x\ However, apart from limitations caused by the fmitc rise and fall times of the transducer 
driver output pulse amphlias. this method alkiws very wide range power k\'el control, and may be implemented entireh- 
digitalh*. 

Fma»> . bodi Methods t aryd 7 cmild be used toflether if reouired to optimize their respectK-e benefits. 

Tbe EiKtboddBicr^sed above for vohmie control and k>w-level ILstening noise reduction, can also be used to reduce tbe 
total nunriKr of tmsduoen Doeded in a DLS without reducing the effective resohuion of tbe sound output. The method 
works by dynamtcaily applying the k>w*level listening technique as a function of tbe achial level of die input signal. 
Thus, when input signal amplitudes are small the output powo- pravkied b\ each output transducer is reduced 
p ffyiftM^jatelv mfam input signal approaches its maximimi permitted value, tbe output transducers are airanged 
to praiidedieir maximum power. For example. ooosideris>-stem with 16-bil signed binary digital input, and onh* 1023 
(=2*^-1 ) unary output transducers, corresponding to 1 1-bit signed binar\' signals Then, if whenever the input signal 
magnitwk was sauUcaough that it couU be expressed with 10 or lessbits. we coukl connect tbe lowest IO(e?wluding 
tbe sign bit) input bits to a 10-bit imipolar binary to unary encoder and drive all the output transducers from that but 
each with output power reduced from full load to 1/64 (= I /2*) of full power, dicn wc could reproduce the tow level 
signal with ei^actly die same output resolutkxi as if we had 65535 (=2***- 1 ) tran-sduccrs For uterroodiale lexels of input 
it Boeoessary to connect the 10-input bitsof the encoder in the example to bits I to I0.thcn2to 1 1. etc up to 5 lo 15 
for d>e highest levd of input signab. In diis way. input signals greater than 1/64 of maxunum mput level are always 
qnntised to 10-bft pracisxn tight timmgh to the output and 

be with a full 16-bit DLS. The dynanuc range of a 16-bit system and the precision of an 1 1 -bit system are attained at 
much greater simptictty than with a full 16-bit system. The fact that a 16-bit CD digital svstem sounds adequately 
accurate even when reproducing music at Icx'cls ver> much lower than lull amplitude indicates that the full 16-bit 
precLsioD is not needed for adequate sound qualit> . It is Deces.sar\ bowcxcr lor dxnamic range. The scheme ju.si. 
described provides both of these feaUues b>* effectrvely using a ftoating-point rcpresenution of the digital signal. v 

Fig.30 illusQ^tes a possible method of impfementing this scheme. Here ao D-bit binar> input signal 88 is to be 
reproduced with an m-bit digital toudspeaker where m<n. The n-bit input signal 88 ls fed into a digital buffer mcmor> 
M at 79 capable of storing at least one half-<>clc of the input signal at its towcst I'requenc) (e.g. 50ms for a 201 Iz tew 
frequLDqi limit) it n crimnltanmifih- fftd t^ i rmtipirff*^ r y « n< *mi m*v«nnm vuliie storage latch X at 86. such that 
during tbe half c\^ successiveh greater input values become stored in the maximum value latch 86. A zero crossing 
deiedor Z at 81 provides a si^ at the cod of each input half cvcle At this point the vahic m the maximum value latch 
86 indicates how large is die biggest jigeanjw]^,mjbsJmgei:J9. containing the digital input samples >^ to be 
reproduced (as tficv have been buffered in 79 and thus delayed). During tbe oexl half c>'clc. these stored samples wiU 
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be read out of 79 and leproduoed b>' the kmdspeiker utibd new values for the nexi halfct-cle are bemg stored. At the 
end of the half c\'cle. then, the value in 86 is latched into the number-of-btts register B at lU. which outputs an integer 
in the range 0 to n-m (where iD<n as before). This number is used to select the power level to be used by the output 
tran^uccr dfivcrs 83 Jirr *^ half (which ina>* be controlled b\* a pulse width modulation technique, or a suppK* 
\'oltagc variation technique, or both in combination, as described previousK ). It is also used to sclcci which of the 
imsigDed input bits 0 to o-2 will be pas.^ from the buffer 79 to the binar> to unar\- encoder I J at 82. IhiLade^ra-k 
done b>* an m-bit wide, n-m wa> sclector hlf^^ ^ at «0 \%iuch takes its digital signal input feo pUa»flGEr79jnbits wide^ 

«rf yeni% m of rimfip hiK nnl^ tf^ imaffy rmwlftr Wbjch bltS JtJOlegl&«B ^ictgminfidj y^^ fCgigter^ 
?^ f t«^«^ ""^^Hc wn «j|>^t gnnip nf frrtg witl^ wth the lowcja CMitpm bit scltsctcd betnp; in the nmpg hit 0 Iq hit 

nrm. and the highest o "tpiii bi^ c elecled bcin p in this *^npf fn « I in nmt hit n« I hi Tpg the siiro bit in this example. 



Typical savings piDvkled by diislecfankiae are: for a 16-bit audio digital signal and a lO-bit digital loudspeaker provided 
with the floating point bit r e pr e scntat ioo system just discussed, the digital loudspeaker woaU require only 1023 
transdnoen and drivers to reproduce sotmds to 10 bit (unip<to) precLskm over a 16-lnt dynamic range, as c o m p ar ed * ' 
loa 16-bil DLS which woukl require 32767 transducers - i.e. a saving of over^^LOOOd^Kshl^v Thus, diis tedmique 
makes practicable the construction of unarv-based digital loudspeakers widi \'er>' high dynamic range aiKi adequate 
precisioa. at relativeK' k>w cost. 





A specific embodiment of the invention incorporating main* of the features described above will now be described by\ | "] 
way of example with reference to Eife3J^in which a digital input signal consisting of n binary bits is applied to input 
buffer 1. with an tt**^*^ *Hftff ^ W^X^l connecied tC Nanaloguc to diflital converter 90 . producing p binary output 
bits where/? < n. dte outputs (tf the buffer 1 and ocmvencr 90 being connected to the mpvus of digital selector/m ixer 89, 
which is cpptrolicd bv inpiii from a<iser at 9fl Depending on the user inptit som ecombiMti^ of ^» t signals is jm t 
m p.jbj^ hmm form fa nm «^iv^»£gQ to a digital inteqwlalor 97 where the effective sampling rate of the inpnt signal is 
opiiooalh' increased before the n-bit data is passed to the «pnaMeliiv_gfl^ mag^^ jct ectotf^ ^-herc the input 
signal is delayed for • ftme \tp to half d ie period of the lowest audio fiequeocv' to be reproduced, and where the peak 
magnitude of the delayed signal is determined whose value is used to produce control signals 91 and 93. The delayed 
n-bitbinar\ signal data are then passed to an m-bit (/i-m) way selector (where m . n-h cpntrolled I n «f^pnal(y) whii^h 
emits m output binary' (non-sign) biu connected to the input of binary -to-unary encoder 2. The sign bit is separately 
OQODectod from dela> store 95 directK' to encoder 2 as shoun at 98 . l*he effect of store 95 and selectorSLarcJO-select 
up to m bits plus sign of the n-btt input signal in such a wa> that the m most significant adjacent non-sign bits with a 
leading I are contained in the m-bit subset. Encoder 2 converts the m binary bits and sign bit into .\' unary signals where 
V= 2^' and uhcre one of the V unan signals is a sign or polarit>' signal. The .V unary signals are then fed to a variable 
Migth distal delax geoeraxor 76^^flgollfidJ)\:i lelav progrprnmer 78 whose mode of operation ma:\* be modified bv the^. 
Qser ar96, where the differential detav of the various .V anar\' signals ma\' be adjasted to compeasate for transducer 4 



posilionsreUtive to listening position. The possibly delayed ;V unary signals then pass through pulse shap& 88 which 
may modify- the square profile input pulses (not the sign signal) to different pulse shapes appropriate to the type of 
traDsdnoer54 med. aftffwhi^ the iV unary signals pass to the V-l transducer drivers 3.whi^^rTvc the V-l transducers 'i 
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4. the Utter pnnidiDg acoustic poises which in combtnatioo constitute the output sound reproduced. The trinsduoer 
drivcfs 4 are controifad b>- > signal from the power level oontroikr 94 vd ^^hjnluffn is contmlfiid hy an input fipmjhe 
magm tude tocctor in 95 anl aiso 4yy - user in put which ma\ incl uA wihime le\cl sckx bM. The cffciit of this i^trol 
<ipMl oo drivers 3 Ls to modi h- the mean output power del i\'ggdjaA«ch.of^4be^faiisdttatf^^ acti vated bv a puisc 
signal in such a wa>- thai the mean power level from the array of transducers 4 ma> be \ ancd. in the presence of a fixed 
level input signal. 



IndnrtrUl ADPiiaibiiltV 

The digital louctqfieaker that the subject of this invention has application iu all instauces where analogue loudspeakers 
are cuReDtK used. icproductioo of music and speech and other sounds in domestic and commercial equipment 

iachiding radios, televistoos. lecoid ooaipaci disc and tape players, music centres, hi-fidelity sound systems, public 
address systems, sound leinfofocment systems, home theatres, cinemas, dieatres. background music sfystems. bands, 
poitable sound reproduction equipment, tn-car entertainment sy^ems. and in miniaturised form in headphones. 

The advantages of dm digiul ktudspeaker design o\xr easting loudspeaker designs in these applications include: higbCT 
i j^m\iiy and kyw er disttirtioo reproductioo: flaner form factor than most cabinet*enclosed analogue loudspeakers; greater 
stabihtv* due to digiul rather than analogue ekactrooics; elimination of requirement for separate linear power amplifier 
from the sound reproductioo system: li{dkter weight: greater portability: easier manufacture to consistent high quality 
standard: mass production wrh«i^»g^ ma\' be applied to the transducer array assemblies: higher eflicicnc)' and therefore 
kywer power consumption and consequoit kmger operation time from battery power sources: scalable design allows 
babncing of requited picciaon against cost and compkxit>' in a uniform manner as lower distortion may be achieved 
simply b>* the additkm of more components of identical precision: produces essentially zero output noise when input 
signal is zero (i.e. very hi^ signal to noise ratio). 
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CLAIMS 

1 A loudspeaker compristng a pluralin' of substanlialh' identicaJ tnmsducers each capable of coo\icrtuig ao 
electrical signal into a sound wave, uliearein die transducers are capable of being driven each indcpendeoth' 
of all the others b\ unan encoded signals reprcsentath-c of the sound to be produced b>* Use loudspeaker. 

2 A kxidspeaker oomphsing encoder means for ooavcrting an input signal into a pJuratit\ ol' uoar> digital signals 
md a phmlitv of substantialh identical transducers each operati\-e to ccMivert a corresponding one of the unar> 
digital signals imo a sound pulse so that the ciunulatixe efifect of the transducers is to produce an output sound 
rcprcsentati\*c of the input signal. 

3 A kxidspeaka comprising encoder means for converting an input signal into a pluralitv* of unai> digital signals 
and pulse shapcr means for oonveding Che unary digital signals into a variety of squire and non-square profile 
pulse signals appropriate to the type of iraasduoers used the pulse-shape being cbosea such that the output 
acoustic pulse fixm die transducer when driven with said pulse-shape is approximately square in profile, and 
a phvahty of snbstantiaUy identical transducers each operative to convert a corresponding one of the pulse* 
^jfaapcd unar>- signals into a sound pulse so dut die cumulati\-c effect of Uic transducers is to produce an output 
:souDd represcQtatiA-c of the input signal. 

4 A kwdspeaker as claimed in Claim I or Claim 2 or Claim 3. wherein each transducer is bipolar and thus able 
10 produce bodi positive and negative acoustic pressure pulses dependent upon the poUrit>* significaiice of the 
tinar> signal applied. 

5 A kmdspeakcr as claimed in aasy preceding claim, wherein the transducers are arranged in a two dimensional 
irTi\'. or a Ifane dimmsinDal array with gaps in between transducers to aUow sound energy from all transducers 
to pass to the loudspeaker listening area. 

6 A knidspcakcr as claimed in an>' preceding claim, wherein delay means arc proxided between the loudspeaker 
mput signal and each acoustic output transducer in order that the time ot arriv al of acoustic pulses from each 
transducer may be independently adjusted either statically or dynamicalh in order to optimLse some one or 
mofe paramctos of die kwdspeaker behaviour, mcluding the simultaneity of arrival at the position of a listener 
of correlated signals from the transducers. 

7 A loudspeaker as claimed in any preceding claim, wherem the previously described transducers are eadi 
replaced bv* a pair triplet quadruplet or other multiple grouping all members of the group being connected to 
the same unary digital drive signal, and positioned pbysicalh* such that the geometric centre of each multiple 
grouping of transducers is as ck>se to a common point as possible, in such a way as to minimise the apparent 
spatial distribution of the sound source as perceix'cd by a listener to the kNidspeakcr. syimnetric placing 
arrangements of transducers in each multiple grouping being preferable. 
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8 A loudspeaker as claimed in am preceding claim, wherein the traasducers or multiple groupings of transducers 
arc so connedcJ to unar\ digital outputs such that transducers associated with adjacent input signal lev els are 
physicalK' adjacent or in close pro\imit>' in the two or three dimcnsioual array layout so as to minimise any 
apparent motion of the sound source as sound le\ el changes. 

9 A loudspeaker as clauned in any preceding claim, wherein an acoustic low pass tiller is placed between the 
output transducers and the listening area so as to minimize unwanted acoustic ouput due to the pulsed nature 
of the outputs of individual transducers in the frequencv range above the normal limits of human hearing. 

10 A loudspeaker as claimed in any preceding claim, wherein the input signal is digitally oversaniplcd in order 
to increase the unarv* digital signal sampling rate of signals applied to the output transducers and thtis reduce 
ufiwanled acoustic oopid due to the pulsed luture of the outptds of individ^ transducers in the frecpieiicy range 
above the nonnal limits of huaun hearing. 

1 1 A kwdspcaka as claimed in any preceding claim, wtoein an analogue to digital converter is incorpmtod to 
allow analogue input signals to be applied to and reproduced through ibc loudspeaker. 

12 A loudspeaker as clamied in any preceding claim, wherein transducer drivers arc connected between the 
encoder means and the acoustic output transducers which convert the unary digital output signals fhxn the 
encoder means to appropriate current and voltage levels to drive the required electrical power into the 
transducers. 

13 A loudspeaker as claimed in the preceding Claim, wherein pulse shapuig means are incorporated between the 
unary digital signal ouputs of the encoder means and the acoustic output transducers, either before the 
tnasducer drivers or integrated with the transducer drivers, such that the electrical drive pulse shape to each 
transducer cocnpeasates for its ekctroacoustic transfer function in such a wa>' as to optimise the pulse shape 
of its acoustic output pulse, such pulse shaping means including but uoi being restricted to producing linear 
ramps, square pulses, bipolar impulse pairs and hnear combinations thereof, for the compensation of reslonng- 
force dominated resistance dominated and mass dominated U^sducers. 

14 A loudspeaker as claimed in the preceding Claim, wherein the pulse shaping means are implemented usmg 
pulse width modulation techniques in order to miprov e the elccincal dnve efliciency to the u^sducers 

1 5 An encoder means for converting a digital mpui signal composed ol n mput digits into a pluralitv of unar> 
signals having grouping meaas for dKiding n input digits into k groups oin k input digits each group connected 
to a ?4:parale encoding means capabk of encoding n k input digits into unary sipals. with the output signals 
from the k separate encoding means combined asing digital )opc to produce the requisite total number of unary 
output rfifrtiti m ths manner reducing the total number of simple logic gates required to impfaonent the 
ffnr-wfrr means. 
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16 An encoder means for convening a digittl input signal comprised ofn input digjb; into a pluralit\' of unan* 
signals, built in a modular manner from a number k of identical sub-encoders each capable of encoding n k 
input digits all connected to a common input signal and control bus and programmable so as each to respond 
to and encode to nnaiy a certain unique range of input digital signals so as to laicode the entire /i input digits 
of the input signal when all acting in concert. 

17 A structure capable oTallowing a number of identical modules all connected to a common biLs wherein certain 
line or hnes of the bus are dais>' chained through the modules and u-here a bus controller means is situated at 
one end of the bus structure, and ubere flip-flops incorporated for the purpose in each module arv so 
interconnected b>' the comnoon and dais>' chained bus structures as to eflectiveK form a serial input shift 
register with the bus oontroUer srtuated at the input end of the diifl register so formed, and wiierein a single 
poise from the bus controlkr may be shifted through the modules in sequeooe and one at a time by means of 
a commoQ clock signal impressed on the btis by the bus controller and readable b>' all modules, and wherein 
the modules are so ooostnicted such that whoa the pu^ in the shift register is within a module that module will 
respond to pro gr amm ing signals av ailable to it on (he bus from the bus controller logic and not olhcrweise. and 
in this way the bus cootroller may provide unique programming information to each and ever>' module on the 
bus notwithstanding die fact that the modules are logicalh* identical and contain no unique hard-wired or pre- 
prograimned unique address information, thus allowing completeh' standard unprogrammed modules to be 
added to die bus and yet be uniquely programmable and therebv' distinguishable in function, and wherein an 
additioiial bus control signal ma>' be connected onh to the last module connected to the end of the bus that is 
furthest from the bus oootroUer in such a way as to signal to the bus controller that the single pulse inserted into 
the previously mentioned shift register has reached the last module on the bus in diis way allowing the bus 
cootrolkrlo determine the number of identical osodules oomiected lo the bus simply by counting the number 
of shift register clock puLses issued. 



1 8 A kxidspeaker as claimed in any of the preceding Claims incorporating any of the encoding means claimed io 
any of the preceding Claims. 



1 9 A toudspeakcr as claimed in am of the preceding Claims incorporating interpolating means for interpolating 
the digital input signals or analogue input signals after conversion to digital signals, so as to increase the 
effecirve signal sampling rate aiul thereby reduce unwanted high frequency acoastic emission from the output 
transducers. 



20 A toudspffakfT as claimed in aii\' of the preceding Claims incorporating mean-amplitude control of the acoustic 
oupot pulses from the transducers b>* gating dnn on and off with a high frequenc)* digital waveform in addition 
to any unary and pulse-shaping modulation alrcad\' present and in this way providing an effective volume 
control fen- die whole loudspeaker without reducing the effective number of transducers io use and thus 

/ 
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pre^ier\tlg tbe resohitkn of the loudspeaker and thus itol raising its tnienially generated signa] to quanl^oo 
Dotse level and without towering the electrical drn-e efikiencv' of the transducers. 

2 1 A loudspeaker as f^J^rinwrl iu the preceding Claim, wherein tbe mean-amplitude control mechanism described 
therein is automaticalK controlled so as to raise the mean-ampbtudc when the loudspeaker is reproducing 
louder sounds and lower the mean-ampUtude when i\:producing less bud sounds in such a W8\ as to always 
ma\iini/e the number of transducers that may be drh cn subject to the tout output amplitude corresponding 
as clsoeh- as possible to the required ouput amplitude, and thus to mainUin high resolution over a wide 
dynamic range without neccssarih' providing as many separate output transducers as there are dLstincl lex'els 
in the digital input signal. 

22 A digital pulse width modulatioo gCDentOT comprising an up/down digital counter, a digital magnitude 
comparator, and a seoood digiul counter, wbetcta tbe magnitnde ocmiparator compares die relative sizes of 
the counts in the two counters connected to the magnitude comparator in the com'entional sense with least 
significant bit outputs connected to least significant bit inputs of the comparator and thereafter in bit 
significance sequence, and whose grcaier-than or less-than outputs provide pulse width modulation signals, 
when die second counter is clocked continuousK* by a constant rale clock signal and w hen the up/down input 
<A die upAkyMn counter is cootrollcd b> die sign bit of tbe digital input signal and die clock input of the up/down 
counter is gated on and ofl*hv* the pruseoce or absence of the unaiy input signal, wherein die pulse widdi 
modulated output signal or signals conveit a steady pulse on die unaiy input into a pulse widdi modulated ramp 
at die output die slope of die ramp being determined by die polarity of die sign bit input. 

23 An improved digital pulse widdi modulator based on dial described in die pxe^^ 

in all respects save that the outputs of tbe seoood counter are connected to one of die input ports of die 
tp.^itiiA- comparator in bit-reversed order diat Is in die reverse of die conventional ordering of bits and in 
particular widi die feast significant bit output of the counter connected to die most significant bit inpout of the 
comparator and \icc ven>a. such dut die pulse widdi modulated output from the comparator now makes many 
more u^ansilions per total count cycle of die second counter whilst still niamiammg die required average 
markispace ritia duis significanth easing die usualh required low pass filtenng of die pulse widdi modulated 
output. 

24 A means of generating a suitable pulse wavelorro for application to ao cicctroacouslic d^nsduccr whose 
dynamics ov er die frequency rage of interest are dominated by die ineiiia of die moving mass of die u^nsducer. 
when It IS required to produce an approximately rectangular acouiaic pulse from die bansducer from a unary 
input *agnal and a sign signal wlierein a pair of flip-flops is connected each widi one Q output to one terminal 
die output transducer. possibK via transducer dri\cr means, and whcrem die unary input signal is appbed 
to each of die clock inputs of die llip-flops \ia one input of two separate two-input exclusive-OR gate, and 
wherein the sign ii^td signal is applied in anaphase to die odwr inputs of 

die D inputs ofdie flip-flops are tied to logic I, and wterein die Reset inputs of die flip-flops are activated by 
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the iFailing edge of Ibe iman- input signal sxnchronization clocL such that the cfTcctKe dh\ c to the transducer 
is an impulse one half sx-Dchronization clock period wide at the start of Ibe unar> input signal whose poIarit\- 
is controlled by the sign input signal and a second impulse of equal uidtb but opposite polant> at the end of 
the tinan input signal pulse. 

25 A loudspeaker substantialh as described herein w ith reference to Figuivs I *3 1 of the acconipan> ing drawing. 
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